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Dear Colleagues, 
 
I would like to welcome you to the International Scientific Conference on Information, Communication and 
Energy Systems and Technologies - ICEST 2008.  

The conference is going to be held from June 25 to June 27, 2008, at the Faculty of Electronic 
Engineering, University of Niš, Serbia. The Conference is, for the seventh time, jointly organized by the 
Faculty of Electronic Engineering, Niš, Serbia; the Faculty of Telecommunications, Sofia, Bulgaria, and by 
the Faculty of Technical Sciences, Bitola, Macedonia. This is the third time that this big Balkan event 
takes place in Niš. 
As to the earlier ICEST Conferences, many authors from institutions all over the Europe submitted their 
papers. This year, 169 papers have been accepted for oral (106 papers) or poster (63 papers) 
presentation. 
 
After the Conference opening one plenary invited paper will be given by “Efficient Field Computation 
Based on N-Port Methods” from Franz Schlagenhaufer, University of Western Australia. Furthermore, a 
round table “Road to European University Educational Space” will be held. The Conference will also 
include special meeting related to Cooperation of Bulgaria, Macedonia and Serbia IEEE sections. 
 
I hope that all participants will take opportunities not only to exchange their knowledge, experiences and 
ideas but also to make contacts and establish further collaboration. A social program, rich in events, will 
provide more relaxing atmosphere for meeting the colleagues. 
 
I wish you successful presentations and pleasant stay in Niš! 
 
 

On the behalf of the Technical Program Committee, 

 
 
Prof. Dr. Bratislav Milovanović, 
Conference Chairman 
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Efficient Field Computation 
Based on N-Port Methods 

 

Franz Schlagenhaufer 
 
 
Abstract – Radiating structures with distributed parameters, 
such as TEM waveguides or strip-lines, are considered as 
linear N-port networks and correlations between port 
currents and field strength values are calculated. Knowing the 
S-parameters for all accessible ports the port currents can be 
re-calculated for other source and load scenarios. Field 
strength values are then obtained as a linear combination of 
contributions due to the individual port currents. The effect of 
changing load and source parameters on fields can be 
investigated in a very efficient way without repeating full 
wave field simulations. 
 
Keywords – N-Port models, electric field, magnetic fields. 
 

I. INTRODUCTION 
 

Linear electrical networks are often analyzed by describing 
their behavior as N-ports; voltages and currents at a (small) 
number of accessible terminal pairs are determined as a 
function of an N-port matrix and the sources and 
terminations at all ports [1, 2]. Port currents [ Ip ] can e.g. 
be calculated in terms of an impedance matrix [ Z ], port 
terminations [ ZTerm ], and voltage sources [ Vs ]. Equation 
(1) represents then a linear system as shown in Figure 1: 

[ ] [ ]1
p Term sI Z Z V−⎡ ⎤ = + ⋅⎣ ⎦ .   (1) 

[ Z ] can be computed analytically or numerically for 
lumped element networks. A consideration as N-port is also 
possible for systems with distributed parameters, e.g. 
coupled transmission lines, or for any linear system such as 
coupled antenna arrangements [3, 4]. In the latter case 
numerical approaches are usually necessary to find [ Z ]. A 
full-wave field solver may be used to determine open port 
voltages Vij (voltage on port i while exciting port j) and the 
feeding currents Ij for each respective port: 

ij
ij

V
Z = .   (2) 

jI

If, during the field simulations while exciting each port 
individually with all non-excited ports being open (i.e. the 
respective port currents are zero), the electric and/or 
magnetic field strength Fj at an arbitrary observation point 
is also calculated, then coefficients aj, relating the feeding 
port current Ij at port j and the field strength at that point 
can also be determined: 

j
j

j

F
a

I
=

r
r .    (3) 
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When changing the excitation or termination of the N-port, 
new port currents Ij-new can be calculated using (1) and the 
new field strength be obtained as a linear combination of 
weighted contributions from all new port currents: 

1

N

j j new
j

F a I −
=

= ∑
r r .   (4) 

More precisely, the field strength Fj is due to a linear 
combination of currents on each patch or segment of the 
simulation model, and these currents are themselves a 
linear combination of all port currents. Figure 2 illustrates 
this. 

( ) ( ) (
1 1 1 1 1

M N M N N

j ij i j ij i i
j i j i i

)iF f p I f p I a I
= = = = =

⎛ ⎞= = =⎜ ⎟
⎝ ⎠

∑ ∑ ∑ ∑ ∑
r rr r  (5) 
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Figure 1: Linear system as N-port 
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Figure 2: Field strength Fi due to port current Ii 
 
In equation (5) M stands for the number of patch and/or 
segment currents, and N stands for the number of accessible 
ports, i.e. those locations where source and load 
modifications are possible. In a typical Method-of-Moment 
model M will be in the order of several thousand, while N 

P-III 



will typically be a single digit number. Thus, not only the 
computation of new port currents, according to (1), where 
the inversion of an N×N matrix is involved, but also the 
update of field strength values according to (5) is not 
demanding on CPU performance. 
 

The procedure can be implemented without too much 
problems using software tools such as Matlab [5]. 

 
 

II. TWO-PORT STRIP-LINE STRUCTURE 
 

The method described in section I is now applied to the 
model of a strip-line, shown in Figure 3. The field 
simulation is done with a Method-of-Moment based 
software package [6]. 
 

First, the input impedance of the structure is used for 
verification of the model. The results for the base model 
shown in Figure 4 are not quite satisfactorily. The 
impedance value for the 50 Ω-termination shows a good 
agreement only for low frequencies; the resonance 
frequencies differ, and the impedance magnitudes at higher 
frequencies are also different. For the open termination also 
the impedance magnitude at low frequencies is slightly 
different. 
 

The end sections of the strip-line in the physical and the 
simulation model are shown in detail in the two inserts in 
Figure 4. This part of the structure has been over-
simplified, and deserves more consideration. The N-
connector at both ends is investigated in more detail. 
Measurements with a network analyzer reveal that 
equivalent elements are 2.7 nH when short circuited, and 
1.6 pF when open. From these results the transmission line 
characteristics for the connecter can be calculated as: 

0
' 2.7 41
' 1.6

L L nHZ
C C pF

= = = ≈ Ω ;  (6) 

2.7 1.6 66LC nH pFτ = = × ≈ ps .  (7) 

With this more sophisticated model the input impedance of 
the structure is calculated for exactly the same location 
where it is measured, i.e. at the end of the N-connector 
which in turn is then terminated with the basic model of the 
strip-line. The input impedance from the simulation is 
therefore 

(0
0

0

tan
tan

in
input

in

Z jZ lZ Z l
Z jZ l

)β β ωτ
β

+
= =

+
. (8) 

The input impedance Zin in (8) is the impedance at the 
beginning of the basic strip-line when terminated with the 
appropriated load at its end, i.e. [2] 

12 21
11

22
in

Load

Z ZZ Z
Z Z

= −
+

.  (9) 

Z11, Z12, Z21 and Z22 are the impedance matrix elements 
obtained from the Method-of-Moment simulation of the 
basic strip-line model. The last step is now to calculate the 
load impedance ZLoad for the strip-line. This is again done 
by using equation (8), but now Zin is replaced by the 

appropriate termination, e.g. Zin →∞ (open), Zin = 50 Ω or 
Zin = 0 (short circuit). 
 
The results for the input impedance after this refinement 
are shown in Figure 5. Z11 is the input impedance of the 
basic strip-line model (the same as in Figure 4); when the 
load connector is taken into account (Zin) a slight 
improvement can be noted for the resonance frequency; 
after taking into account also the connector at the source 
end (Zinput) a further improvement for the resonance 
frequencies and for the magnitude occurs. The agreement 
for the improved model is quite good, and this improved 
model is now used to calculate the field strength at one 
observation point for different termination scenarios. 
 

The field strength at the centre of the strip-line, close to the 
ground plane is measured with a short monopole antenna, 
while the strip-line is excited with the network analyzer, i.e. 
with a voltage source with 50 Ω internal impedance, and 
terminated as: open, 50 Ω and short circuited. In each case, 
the agreement between measurements (dashed curves) and 
simulations (solid curves) in Figure 6 is satisfactorily. 
 

 

Port 1 - Source Port 2 - Load 
185 mm 500 mm 

120 mm 

(a) Strip-line with essential dimensions 
 

 
(b) Method-of-Moment simulation model 

 
Figure 3: Strip-line – physical structure and 

basic simulation model: 
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Figure 4: Input impedance – base model 

 
Figure 5: Input impedance – detailed modeling of terminations 
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Figure 6: Field strength comparison for varied strip-line termination 

 
III. TEM WAVEGUIDE WITH FOUR 

ACCESSIBLE PORTS 
 
The next example looks at a TEM-wave guide with four 
accessible ports, shown in Figure 7. Two ports are 
connected at either side of the septum and two ports 
connect the septum with the upper part of the cell for 
dampening cavity resonances. Septum and shell are 
assumed as perfect conductors [7, 8]. 
 
In initial field simulations the N-port impedance matrix and 
field coefficients ai are calculated, and the electric field at 
one observation point (0.2m/0.2m/0.2m) is computed for a 
load of 50 Ω at port 2 (end of the septum). Figure 8 
compares the three field components obtained by the N-port 
method as described in section I of this paper (solid 
curves), and by direct simulations (dashed curves). There is 
a good agreement for the dominant z-component, except for 
some mysterious resonances; the agreement for the other 
components, x- and y-, are also quite good, but again show 
some resonances that don’t appear in the direct solution. 
The insert in Figure 8 shows the resonance around 33 MHz 
in more detail. 
 
Figure 9 shows the maximum field strength at the same 

4 and for a reduced frequency range. The same occurrence 
of false resonances can be noted. 
 
 

 

Figure 7: Four-port TEM wave guide 

observation point for a variation of the loads at ports 3 and 

Port 1 

Port 2 Port 3 
Port 4 

Field observation 
point ‘Lossy brick’ 

Load 

Source

P-VI 



 

 
Figure 8: Electric field – comparison between N-port method and direct solution 
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Figure 9: Load at ports 3 & 4 varied 

 
During the initial field simulation the source port has been 
loaded with a small resistance of 0.1 Ω, while the open 
ports have been loaded with resistors of 1 MΩ. The small 
resistor value has been included for convenience; moving 
the excitation from one port to the other only requires 
changing loads, but not adding and removing loads; the 

large resistors were necessary because the program can 
only calculate voltages across impedances [6]. The results 
can be improved, i.e. the false resonances be decreased, if 
better approximations for the short circuit and open ports 
are used. When replacing the 0.1 Ω resistor with 1 μΩ 
values and the 1 MΩ resistors with 1 GΩ the false 
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resonances almost disappear. These results are shown in 
Figure 10. 
 
A reason for this behavior n 
scrutinizing the impedance matrix. Being a passive network 
the impedance matrix must be symmetric, i.e. Zij=Zji is 
required for each pair i and j. A closer look at two pairs in 
Figure 11 reveals that Z12 and Z21 as well as Z34 and Z43 are 

generally identical, except for some sharp nulls which 
occur at slightly different frequencies. These nulls occur in 
systems with high Quality-factors. Their effect can be 
reduced by considering the finite conductivity of the cell 
walls and the septum. This would, however, result in more 
unknowns for the equation system and longer computation 
times. Alternatively a lossy dielectric (‘lossy brick in 
Figure 7) can be placed inside the TEM wave guide 

s 3 & 4

 
Figure 11: Symmetry of N-port impedance matrix 
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P-IX 

The use of this N-port method to compute field strengths 
requires N field simulations for a system with N accessible 
ports. It is therefore only of an advantage if at least N 
different termination scenarios are to be investigated. A 
possible application is illustrated again using the example 
of the TEM waveguide. 
 
Figure 12 shows a number of observation points forming 
the working volume of the TEM waveguide. The model has 
a resonance around 80 MHz resulting in widely different 
field strength values at different observation points. The 
ratio between highest and lowest field strength, as can be 
seen from Figures 13 and 14, is about 5. 
 

The electric field around this frequency has a maximum 
value between septum and the upper part of the cell, at the 
location of port 3 (see Figure 15). Therefore loading port 3 
can be expected to dampen this resonance. The results for 4 
resistance values are added in Figure 14. When decreasing 
the resistance value the field uniformity just below 80 MHz 
improves, but the performance above 80 MHz gets worse. 
A resistance value around 1 kΩ seems to give the best 
results. 
 
In Figure 16 the resistance value is now changed in small 
steps and the field uniformity is shown as color code 
depending on frequency and resistance value. 
 

 
Figure 12: Field observation points 

 
Figure 14: Field uniformity for a various load at port 3 

 

 

Figure 13: Field strength across the working volume 

 

Figure 15: Field distribution around 80 MHz 

 

 for various termination 
enarios without repeating full-wave field simulations. 

 

p resonance are 
vestigated the symmetry of the N-port matrices is 

essential.  

 
IV. CONCLUSION 

 
Linear systems with distributed parameters or coupled 
antennas can be considered as N-port networks and field 
strength values can be updated
sc

The method can be applied as a post-processing routine 
after field simulations, and does not depend on the usage of 
specific field solvers. However, it is important that accurate 
N-port parameters are available. In particular if systems 
with high Q-factors, i.e. with shar
in
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Figure 16: Field uniformity for a various load at port 3 (fine resistance steps) 
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IPTV Systems:  
Benefits, Challenges, and Future Trends 
Zoran S. Bojkovic1, Bojan M. Bakmaz2, Miodrag R. Bakmaz3 

 
Abstract – Starting from the point of view that Internet 

Protocol Television (IPTV) will be an application for next-
generation Internet and will provide new revenue opportunities 
for service providers, this article seeks to provide an overview of 
benefits, challenges and feature trends in this fields. In the first 
part, we survey IPTV system architecture, together with video 
headend, transport network and home network. Service 
assurance aspects specific to IPTV are discussed. We emphasize 
that the future peer-to-peer (P2P) IPTV systems should be design 
to meet the expectations of users for quality of experience. The 
key success factors, benefits and associated challenges of 
launching IPTV over WiMAX are evaluated, too.  

Keywords – IPTV system, P2P IPTV, Service level 
surveillance, WiMAX. 

I. INTRODUCTION 

Network access bandwidth of widely available consumer 
services is increasing. The convergence of the trends has 
fueled increasing interest in delivery of IP services via IP 
networks known as Internet Protocol Television (IPTV). A 
number of operators and vendors are working on IPTV 
standardization to support wider availability and 
interoperability of IPTV as a secure reliable managed service. 
While the technologies for packet video have been explored 
for some time, a number of issues remain in the design, 
development and deployment of commercially viable IPTV 
services. These include standardization of architectural 
elements, content protection, and service aspects including 
portability, scalability, interoperability, performance and 
accounting. Telecommunication companies are under 
increased pressure due to competition from multiple system 
operators and the changing communications and 
entertainment needs of residential consumers. These pressures 
are driving the telecommunications companies to design and 
deploy metro networks capable of delivering broadcast video 
and Video on Demand (VoD) services through IP broadband 
connectivity, known as IPTV [1]. IPTV services are becoming 
one of the most promising applications over next generation 
networks. To ensure that IPTV services meet the high 
expectations of end users, factors affecting Quality of Service  

1Zoran Z. Bojkovic is with the Faculty of Transport and Traffic 
Engineering, Vojvode Stepe 305, 11000 Belgrade, Serbia, E-mail: 
z.bojkovic@yahoo.com 
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3Miodrag R. Bakmaz is with the Faculty of Transport and Traffic 
Engineering, Vojvode Stepe 305, 11000 Belgrade, Serbia, 
E-mail: bakmaz@sf.bg.ac.yu 

(QoS) or a user Quality of Experience (QoE) must be properly 
considered. A variety of factors can affect the quality of IPTV 
audio and video, such as the content preparation process, 
network reliability and terminal performance. Industry must 
have access to tools designed to assess the QoE of IPTV 
services [2]. IPTV, an emerging Internet application would 
revolutionize the entertainment and media industries. 
However, IPTV also has the potential to over whelm the 
Internet backbone and access networks with traffic. To date, 
IPTV over peer-to-peer (P2P) streaming networks has 
advanced significantly using two different approaches: tree-
push versus mesh-pull [3]. In particular, the mesh-pull 
streaming approach has achieved a number of successful 
commercial deployments. 

With two-way communication capability and point-to-point 
distribution, each viewer can chose individual programs 
flexibly and of lover cost. According to a study by the 
Multimedia Research Group, the number of IPTV subscribers 
will grow from 4.3 million in 2005 to an estimate 36.8 million 
by 2009, with a compound annual growth rate of 72 percent, 
and the IPTV service revenue will increase from $ 740 million 
to $ 4.6 billion in 2009, with a compound annual growth rate 
of 56 percent [4]. Telecommunications service providers are 
racing to provide IPTV/ VoD, voice, and data – the so called 
triple-play services. 

This work is organized as follows. An overview of the 
IPTV system and the generic architecture are outlined. Then, 
the future trend of IPTV is discussed. Then, the P2P IPTV 
will be presented. Following this, the key success factors for 
IPTV, the benefits and the challenges over WiMAX are 
identified. The concluding remarks close the presentation.        

II. IPTV SYSTEM 

IPTV is an integration of voice, video, and data services 
using high bandwidth and high speed Internet access. IPTV 
system includes several components as shown in Fig. 1. The 
main components are: video headend, transport network 
(which includes core network and access network), as well as 
home network. 

 

Fig. 1. IPTV system 
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A. Video Headend 

The video headend (VH) is composed of the following 
components: video encoder, live video broadcast server, VoD 
server, content and subscriber management. Video encoder 
can encode real-time video analogue signals from a content 
provider or a live event location to a digital format based on a 
given video compression technology MPEG 2/4. The encoder 
also deals with on demand content stored or redistributed at 
different VoD servers after the encoding and other processing, 
such as digital rights and encryption. Remember that video 
consists of a sequence of frames taken at regular time 
intervals (typically every 33.3 ms or 40 ms). Because in its 
raw form video requires a bit rate much too high for 
economical transports, it is compressed using video codec 
technology. As shown in Fig. 2, this technique relies on 
organizing the frames into a set of anchor frames (also 
referred to as I-frames), often regularly spaced in time, and a 
set of predicted frames (also referred to as P or B-frames) 
between these anchor frames. The anchor frames are encoded 
(with image compression techniques similar to still image, 
compression) without making reference of other frames. The 
predicted frames are first predicted based on one or more 
surrounding frames, using the estimated motion of the objects 
in the frames it refers to. To reconstruct a predicted frame, the 
decoder requires only the decoded versions of the frames it 
refers to, the motion of the objects, and some information 
pertaining to the unpredictable parts of that frame. All 
predicted frames between two anchor frames, together with 
the starting anchor frame, often are referred to as a group of 
pictures (GoP) and distance between anchor frames as the 
GoP size. A typical choice for the GoP size ranges between 
0.5 s and 2 s. Most standardized codecs use a motion 
compensated predictive technique [5, 6]. 

 

Fig. 2. Predictive image coding 
 

Live video broadcast server is in charge of reformatting and 
encapsulating video streams in case video streams with 
different formats from a video encoder or preencoded video 
file are received. The server also interfaces the core network 
and transmits the video signal over the core network toward 
the access network. 

VoD server houses on demand content with streaming 
engines and a large storage capacity.  

Content and subscriber management systems are essential 
to facilitate the operation of IPTV services in terms of 
subscription account setup or client central, billing and 

authentication for back-office control, as well as digital right 
and security issues for content and delivery control. 

To conclude, VH captures all programming content, 
including linear programs and VoD content. The VH receives 
the contents through satellite or terrestrial fiber networks. This 
part of IPTV system also is responsible for encoding the video 
streams into MPEG-2 or MPEG-4 formats. Then, the content 
is encapsulated into IP packets that are sent to the core 
network (CN), using IP multicast, or IP unicast.       

B. Transport Network 

In general there are two major parts of the transport 
network: core and access networks. 

Core networks connect the access networks to customer 
premises and can be simply a single national distribution 
network running Gigabit Ethernet or IP/Multiple Protocol 
Label Switching (MPLS) plus various regional distribution 
networks running carrier-grade Ethernet [7]. The CN groups 
the encoded video streams into their respective channels. The 
CN is unique to the service provider and often includes 
equipment from multiple vendors. At this stage, IPTV traffic 
can be protected from other Internet data traffic to guarantee a 
high level of QoS. Managed content is usually centralized and 
processed within the national distribution network before 
being delivered to different access networks. 

Access network serves as a critical part of the transport 
network and are used to reach each individual customer at 
home. The technologies available today are mainly xDSL and 
coaxial hybrid fibre cable (HFC) or fiber technologies such as 
fiber-to-the-node (FTTN). As the bandwidth of the access 
networks usually is very limited, to cater to all of the 
customers for simultaneous access of the TV channels, 
multicasting has been widely adopted to enable a scalable 
delivery of video data for IPTV. Instead of unicasting multiple 
flows of live content across the whole transport network, a 
goal of multicasting is to conserve bandwidth and minimize 
unnecessary pocket duplication. A single transmission of each 
unique video date is shared among a group of customers who 
demand same live content. Data is replicated only at 
appropriate branching locations such as a regional edge router 
when it is necessary to force another subsystem to reach 
another group of customers or an individual customer. The 
last-mile access network contains the broadband remote 
access server (BRAS) which is responsible for maintaining 
user policy management, such as authentication and 
subscription details. It also enforces QoS policies for the 
IPTV traffic. In the reverse direction, traffic from multiple end 
users is aggregated and routed to the CN by digital subscriber 
line access multiplexers (DSLAMs).    

C. Home Network 

The last-mile home network distributes the data, voice, and 
IPTV/video traffic in subscribing homes. Suppose that each 
home has two to three TV sets on average. If each set shows 
one channel and another picture-in-picture channel, then the 
home network should support at least two high definition TV 
(HDTV) channels and two to three standard definition TV 
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(SDTV) channels simultaneously. The average data rate for 
SDTV is approximately 2-5 Mb/s and for an HDTV channel, 
approximately 5-10 Mb/s, depending on the video encoding 
used. For high quality video streaming services, a packet loss 
rate of 10-6 or less, end-to-end latency on the order of a few 
tens of milliseconds should be guaranteed. If a home has 
approximately 4 television sets, 2-3 SDTV and 1-2 HDTV, 
the sets simultaneously consume up to 20 Mb/s. At this point, 
bandwidth management among different traffic classes to 
homes becomes a critical issue. In case a wireless access 
technology such as WiMAX is adopted, it will be of ultimate 
importance to by fully exploring the fading channel diversity 
of all the receiving subscriber stations.    

III. PEER-TO-PEER IPTV 

Peer-to-peer (P2P) IPTV is a new kind of IPTV, different 
from the infrastructure based scheme introduced previously in 
which each IPTV user is potentially a server with multicasting 
received content to other IPTV users [8]. In a P2P system, 
users serve as peers and participate in video data sharing. 

P2P streaming networks do not rely on a dedicated delivery 
infrastructure and hence offer the possibility of peers can be 
utilized for video transmission so as to reduce the server load 
dramatically. Therefore, P2P streaming appears to be the most 
promising mechanism for the IPTV deployment. Content 
owners often are not equipped with a strong content delivery 
infrastructure. The low cost incurred in the P2P streaming 
paradigm is particularly appealing to these content owners. 
Nevertheless, the large volume of video traffic generated by 
P2P application has been raising the traffic load on the 
network infrastructures of telecommunications operators. 

There exist two major design issues for constructing a P2P 
streaming network. The first one deals with the problem how 
to form an overlay topology between peers, while the second 
is how to deliver video content efficiently. The content 
approaches can be classified into two categories: 

• Peers form tree-shaped overlay and video content is 
pushed from the origin server to peers, namely it is 
co-called tree-push approach. 

• Peers form a mesh-shaped overlay, and they pull 
video from each other for content delivery, namely it 
is the mesh-pull approach. 

Over the years, many tree-push systems have been 
proposed and were evaluated in academic and thy achieved 
some success. Unfortunately, they never took off 
commercially. On the other hand, mesh-pull IPTV systems 
have enjoyed a number of successful deployments, such as 
Cole streaming, PP Live and others. The major advantages of 
mesh-pull systems are the simple design principle and 
inherent robustness, particularly desirable for the highly 
dynamic P2P environment.  

IV. IPTV SERVICES 

Generally, IPTV services can be classified by their type of 
content and services. By the type of content, we have: on 
demand content and live content, while when taking into 

account services, there exist managed and unmanaged 
services. 

In the case of on demand content, with pre-encoded and 
compressed content, a customer is allowed to browse an 
online movie catalogue, to watch trailers and to select a movie 
of interest. Unlike the case of live video, a customer can 
request or stop the video content at anytime and is not bound 
by a particular TV schedule. The playout of the selected 
movie starts nearly instantaneously on the costumer’s devices. 

For live content, a customer is required to access a 
particular channel for the content at a specific time, similar to 
accessing a conventional TV channel. A customer cannot 
request to watch the content from the beginning if he joins the 
channel late. Similar to a live satellite broadcast, live content 
over IPTV can be a showing or a live event, or a show 
encoded in real-time from a remote location (for example a 
soccer game). 

In managed services, video content can be offered by the 
phone companies who operate the IPTV business, or obtained 
from comment providers in which the content is usually well-
managed in terms of the coding and playout quality as well as 
in the selection of video titles. Bandwidth or delivery and 
costumer equipment are arranged carefully for serving the 
best playout performance and quality to the customers. 

As for unmanaged services, the technology of IPTV itself 
enables playout of any live or on-demand video content from 
any third parity over the Internet. Therefore, nothing stops a 
customer from accessing video content directly. With a wide 
range of choice for content selection, obviously the 
unmanaged services have an advantage at the expense of   
non-guaranteed playout quality and performance.  

A. Quality of Service and Traffic Management 

Quality of Service (QoS) guarantee and traffic management 
are challenging for core and access networks in particular for 
IPTV services. For down-stream traffic, differentiated 
services are used for different users with different schedules. 
Each user class requires a separate scheduler to prevent the 
starvation of lower classes. Admission control is required for 
a QoS guarantee. In IPTV services a user requests changing 
by sending a request for a video channel. After the request is 
accepted by admission control, a multicast tree is built to send 
video and voice of the requested channel with QoS 
guarantees. The procedure causes a channel changing delay. 
In the IPTV sets in a household are off, the available 
bandwidth can be used for Internet access and other uses. 

The goal of traffic management is to efficiently support 
QoS requirements for diverse services, including policing, 
scheduling, flow control, multicasting, traffic differentiations, 
admission control, and so on. It is implemented via either a 
centralized manner or a distributed manner. The later 
approach is more scalable and flexible. Policing ensures that 
traffic conforms to a service level aggregation (SLA). 
Scheduling ensures the handling on voice, video and data 
traffic to meet QoS requirements such as delay, its variation, 
and so on, as well as efficient utilization of bandwidth. Flow 
control is to control traffic flow to avoid or reduce temporary 
congestion. Multicasting is used both in downstream and 



 

6 

upstream to efficiently utilize bandwidth. Traffic 
differentiation gives higher priority traffic such as voice, 
audio and video a higher priority to the transmitted and gives 
data a lower priority. This should bi done in both the core 
networks and the access networks. Admission control decides 
to accept or reject upstream and downstream bandwidth 
requests, ensuring an accepted flow of bandwidth that satisfies 
the QoS requirement. Service providers must indicate the 
level of the QoS that is guaranteed in an SLA, which may 
cause communication costs for the service providers. QoS 
guarantee mechanisms and traffic management for IPTV 
services require further research. 

B. Service Level Surveillance  

The service level management process for video services is 
a challenging technical task. The quality management process 
applies to the end-to-end service traffic path and so requires 
that all network elements on this path should support Simple 
Network Management Protocol (SNMP), management 
information bases (MIBs) or similar accessible data for 
accumulating management information. In the case of triple 
play services, especially video delivery, special attention 
should bi given to newly introduced devices such as Ethernet 
as well as customer getaways and set-top boxes. Performance 
metric violations and hard faults trigger alarms that must be 
analyzed in order to report, identify and troubleshoot existing 
on upcoming problems. The main functions of service level 
surveillance include integrated IPTV performance and fault 
event correlation, root cause analysis and service impact 
analysis. To implement such functionality, service models are 
used that keep information of dependencies among IPTV 
network components and events in different layers. As a first 
step of automation, service models allow the network 
administrators to navigate on scene from end-effects to 
potentially root-causes. More advances tools automatically 
correlate large event streams and determine a minimum 
number of potential root-causes. Another use of service 
models is the combination of multilayer metrics to evaluate 
key quality indicators and key performance indicators. These 
summarizing indicators allow IPTV network administrators to 
have an integrated view of the overall service health and 
inspect specific metrics. 

There are possible attacks and network outage failures for 
IPTV services. Rapid recovery after attacks/failures is 
important to minimize negative impact. IPTV services should 
provide user security and privacy with confidential delivery of 
data such as program channels and content, prevention of 
attacks from malicious users/software and Denial of Service 
(DoS). In future research the following issues must be solved: 
distributed digital rights management (DRM) to protect the 
copyright of video contents, the authentication of clients to 
verify their access privileges, and the prevention of traffic 
flooding over-consumption attacks. 

V. IPTV OVER WIMAX 

The question often arises is what will occur in future IPTV 
services in order to choose the correct technologies for 

corresponding extensions. WiMAX should always be included 
to facilitate the success factors for the IPTV services.  

The success of the IPTV services is determined by the time 
and volume of profitable operations. Getting the maximum 
number of subscribers as soon as possible for IPTV services 
program is clear goal for any service provider. It has been 
reported that from time to time xDSL and cable broadband 
access is not available in some areas due to geographical 
distance and user-density. Meanwhile, the deployment of 
xDSL and cable wiring overhead is not as easy and scalable as 
that of WMAN technologies. As an alternative to the 
conventional wired access network technologies, WiMAX 
offers the ease of deployment similar to other wireless 
technologies, but with larger service coverage and more 
bandwidth. Delivering IPTV services over WiMAX to 
complement the current IPTV deployment can capture the 
maximum number of subscribers under the same 
infrastructure and provide even better accessibility to the same 
pool of video content for mobile users in the future [9]. 

Today Telecoms are actively seeking ways to offer triple or 
quadruple play services. WiMAX is considered a very good 
candidate to provide new services such as wireless broadband 
access and mobile Voice over Internet Protocol (VoIP) 
telephony. IPTV over WiMAX can further achieve economy 
of scale in terms of more services and better service 
availability under a common infrastructure. 

We can enumerate the emerging trends of IPTV for the 
aspects of mobility, accessing unmanaged content, and 
supporting high-quality video, such as HDTV. WiMAX others 
benefits for such promotion with its reservation-based 
bandwidth allocation, cost-effective and infrastructure-free 
deployment and stringent QoS support for the four types of 
service: unsolicited granted service (UGS), real-time polling 
service (rtPS), non real-time polling service (nrtPS), and best 
effort (BE) traffic [10]. Enabling rtPS in the wireless 
broadband access can support perfectly the bandwidth 
requirements of managed content of the IPTV service 
providers, especially for HDTV and SDTV. When the more 
and more portals available in the Internet core that offer a 
great deal of rich and free of demand video content, it is very 
attractive approach to allow non only home IPTV users, but 
also mobile users to access this unmanaged content without 
affecting the quality and performance of other paid live 
content. The incorporating of rtPS and BE service can be 
manipulated to support these demands, such that the best 
flexibility and economy can be achieved without losing much 
quality in content delivery. The extendibility for supporting 
the future trends of IPTV services over common WiMAX 
access infrastructure creates long-term and growing 
economics of scale to the state-of-the-art IPTV operation.    

VI. CONCLUSION 

IPTV is an emerging technology that allows consumers to 
watch high-quality digital TV over the Internet via an IPTV 
set-top box or a PC. While IPTV is technically a data service, 
it is important from a revenue perspective that it deserves 
special attention. IPTV consists of VoD and SDV. With VoD, 
each IP stream is viewed by one TV. With SDV multiple TVs 
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can view a simple IP stream. Thus, VoD relies on IP unicast, 
while SDV relies on IP multicast. Both require high QoS to 
minimize frames loss, high bandwidth to minimize "blue 
screens" and fast system response to minimize channel change 
times. 

Also, IPTV is well suited for time-shifted TV, and network 
personal video recorder. For all the services, the buffer in the 
network must be larger than what is required for fast channel 
change. A key challenge issue in the IPTV application is      
in-home distribution with affordable deployment cost and 
sufficient flexibility, scalability and reliability. Consumers 
will subscribe to IPTV services that provide satisfactory QoS, 
value, service differentiation and convenience. 

The current practice of mesh-pull P2P streaming systems 
demonstrate the feasibility of large-scale application layer 
multicast on top of the best-effort Internet. Despite its early 
successes, P2P IPTV is still in an early stage. Many often and 
interesting research problems remain to be addressed to 
design and deploy the next generation P2P IPTV services with 
superior user QoE. P2P IPTV systems should be enhanced 
with appropriate server infrastructure support to achieve a 
high level of QoS. On the other hand, the popularity of P2P 
IPTV applications on the Internet has posed a great challenge 
for network infrastructures to support tremendous P2P IPTV 
traffic.  

IPTV service assurance assumes all of the challenges in 
assuring broadband access networks while adding layers of 
complexity for monitoring and managing video content 
origination, authorization and distribution through QoS-
enabled IP networks. 

Finally, challenges are posed for IPTV over WiMAX due to 
multicasting under a diversity of feeding conditions. It is a 
strategic but challenging leverage to glimpse the potential of 
IPTV by using WiMAX as the access network.    
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Selection of Appropriate Technologies  
for Universal Service  

Bojan Bakmaz1, Natasa Gospic2, Dragan Bogojevic3, Marijana Davidovic4 

 
Abstract – The project "Universal Service in Serbia-Status, 

Needs and Proposal of Solutions" aims to develop strategies for 
Universal Service (US) in Serbia. Carried out in two phases – a 
preparatory phase and field investigation phase, the Project will 
address infrastructure, service and investment requirements, 
based on validated data on demographic and economic 
characteristics of the territory. One of the expected Project 
results is proposal of technology which could be applied for 
specific region. For this reason one of possible methodology in 
appropriate technology selection is presented in the paper.    

.  
Keywords – Universal service, Serbia, Fuzzy logic, critical 

criteria, UMTS, VSAT, WiMAX, FTTH, DSL. 

I. INTRODUCTION (BACKGROUND AND CONTEXT) 

Serbia is in the process of addressing the issue of Universal 
Service (US) in telecommunications. In terms of 
organizational responsibilities, the Ministry of 
Telecommunication and Information Society defines US to be 
provided by the operators of public fixed telecommunications 
networks. This is done on the basis of the proposals made by 
the Regulatory Agency for Telecommunications (RATEL). 
After definition of US by the Ministry, the role of the RATEL 
is to designate a telecommunications operator of a public 
telecommunications network that shall be responsible for the 
provision of US. 

Currently, the scope of US includes the following: 
1. Access to a public fixed telephone service, including 

the service of data transmission using voice telephony 
which enables quality access to the Internet; 

2. Specific measures to ensure equivalent access to the 
public voice service for disabled users and users with 
special social needs; 

3. Free access to emergency services; 
4. Public pay phone service; and 
5. Access to telephone operator and directory services. 

1Bojan Bakmaz  is with the Faculty of Transport and Traffic 
Engineering, Vojvode Stepe 305, 11000 Belgrade, Serbia, E-mail: 
b.bakmaz@sf,bg.ac.yu 

2Natasa M. Gospic is with the Faculty of Transport and Traffic 
Engineering, Vojvode Stepe 305, 11000 Belgrade, Serbia, 
E-mail: n.gospic@sf.bg.ac.yu 

3Dragan Bogojevic is with the Faculty of Transport and Traffic 
Engineering, Vojvode Stepe 305, 11000 Belgrade, Serbia, 
E-mail: d.bogojevic@sf.bg.ac.yu 

4Marijana Davidovic is with the Faculty of Transport and Traffic 
Engineering, Vojvode Stepe 305, 11000 Belgrade, Serbia, 
E-mail: m.davidovic@sf.bg.ac.yu 

It is to be noted that broadband services are not included 
amongst the obligations. Yet no strategy for information 
society can ignore broadband access to educational 
institutions.  This issue was addressed in details in [1], [5]. An 
integral element of the US strategy is the establishment of the 
Fund for US cost recovery.  

In order to answer to these tasks, RATEL creates a Project 
on Universal Service in Serbia. The main objectives of the 
project is to develop a detailed overview of the situation of 
telecom infrastructure and telecom service provisioning in the 
whole territory of Serbia, organized through regions as 
administrative units and to recommend appropriate solutions 
and approaches. The applied Project methodology will include 
detailed overview of the situation for the locations without 
telecom services (0% penetration) and locations with low 
penetration (4 and 10%). 

The project is divided into two phases. First phase focuses 
on definition of the basic data sets (population, age profile, 
employment, economy etc); existing telecom services; 
analysis of the universal service levels etc. Within the project 
specific tariff schemes for users with special social needs will 
be analyzed in order to determine the amount of subsidies 
from US fund, along with needs for broadband services, 

Researches are based on territorial division of Republic of 
Serbia as region, municipality and settlements. Republic of 
Serbia (without Kosovo and Metohija) is divided in 24 region 
and City of Belgrade, 161 municipalities with 7.498.001 
inhabitants, 2.521.190 households and 4.715 settlements 
(Census 2002). Introducing the telecom statistics data in 
previously mentioned statistics following databases are 
created:  
• Statistics on the settlements level  
• Statistics of the regions where US is critical  

• Statistics of municipalities where US is critical  
Database related to Statistics on the settlements level 

contains following data for each settlements: 
• Number of inhabitants 
• Index of number of inhabitants 2002/1991 
• Number of households 
• Number of fixed phones 
• Teledensity (number of phones per 100 inhabitants in 

percent) 
• Mobile signal coverage  
• Internet access 
Number of fixed phone was calculated using available data 

from incumbent operators and Directories (hard and e-
format). 
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Database related to Statistics of the regions where US is 
critical (contains following data: 
• Number of settlements without fixed telephones 
• Number of inhabitants without fixed telephones 
• Number of settlements where US should be realized 
• Number of inhabitants in the settlements where US 

should be realized 
• Number of settlements with telephone penetration less 

then 4% 
• Number of settlements with telephone penetration less 

then 10%. 
Having those data, it was identified: Total number of 

municipalities with settlements without fixed telephone 
(number of municipalities and number of settlements) and 
with penetration of 4% and 10%. In order to check obtained 
data in the second phase the Questionnaires was created. Field 
investigation was performed in sampled locations in each 
region. Minimum number of settlements where elaboration 
will be performed during second phase will be 150 
settlements. This set will be divided in two subsets. First 
subset is a group of settlements were personal presence of 
team members in the field is required and second subset are 
settlements where elaboration will be performed by phone or 
post.  

Analyzing situation in the specific region an appropriate 
technology for US should be recommended. In principle, this 
task is performed based on different US examples from 
different countries and Delphi methods performed by telecom 
experts. In addition, an attempt to develop new approach 
based on previous mentioned methods and Fuzzy logic is 
carried out and presented in this paper.  

II. METHODOLOGY FOR APPROPRIATE  US 
TECHNOLOGY SELECTION 

Besides defining the responsibilities for US strategy, its 
coverage, financing and other regulatory subjects, the 
methodology of choosing the adequate telecommunication 
technology is of significant importance. Within the EU 
directives, ITU studies [3], OECD approach [2] and other 
available literature on US, the technology neutral approach is 
treated.. 

Each of the available technologies has its own performance 
and economic characteristics, and its advantages and 
disadvantages for US solutions. For example, cable, fibre, and 
DSL technologies have significant bandwidth advantages over 
broadband Wireless Local Loop (WLL), Broadband over 
Power Line (BPL), and Very Small Aperture Terminal 
(VSAT). However, cable, DSL (Digital Subscriber Line), and 
fibre work out best in high populated density areas and may 
be uneconomic in less density populated areas. A potential 
scenario in many OECD countries, therefore, is an 
environment where metropolitan areas have significantly 
richer capabilities than the rural areas [2]. This may have 
long-term effects on social and economic opportunities in 
rural areas and is even more obvious in developing countries. 

In deciding which technology is appropriate the following 
criteria should be considered:  
• Density of population, 
• Distance to the closest network connection point 

(CNCP), 
• Geographic-topological characteristics of the region, 

and 
• Cost (infrastructure, equipment, operational expenses, 

etc.) 
In addition, it is possible to consider expected traffic per 

user, aggregated traffic for the whole region, regulatory 
factors, etc. As many of criteria are linguistic variables the 
concepts of fuzzy logic, Multi-Attribute Decision Making 
(MADM), or their combination could be applied. 

The authors use fuzzy logic for obtaining  analytical 
solutions of appropriate technology. In this case it is necessary 
to define input and output variables as well as the set of rules. 
For the purpose of US following input variables are 
considered: 
• Number of households (NoH) which can be small (S), 

medium (M), and large (L) (Fig. 1.a); 
• Distance from the CNCP: small (S), medium (M), and 

large (L) (Fig. 1.b); 
• Type of region (ToR):  plain (P), combined (C), and 

mountain (M)  (Fig. 1.c). 

 
 

 
 

 

Fig. 1. Input variables: a) number of households,  
b) distance from the CNCP, c) type of region  
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In the model, the optimal technology exists as the single 
output variable [for example cable (FTTH, DSL), UMTS, 
WiMAX and VSAT]. Model based on fuzzy logic with three 
inputs and one output variable is shown in Fig. 2. 

 
Fig. 2. Fuzzy logic model  

 
The next step in applying Fuzzy logic is definition of the set 

of rules, in our case 27 rules (3 variables with 3 different 
labels). The set of rules is shown Table I. The column related 
to appropriate technology (AT) is defined using Delphi 
method. Fig 3 shows the obtained results for particular 
combination of the linguistic variables.  
 

TABLE I 
SET OF FUZZY RULES 

 
Rule NoH ToR CNCP AT 

1. S P S GSM/UMTS 
2. S P M GSM/UMTS 
3. S P L VSAT 
4. S C S GSM/UMTS 
5. S C M WiMAX 
6. S C L VSAT 
7. S M S GSM/UMTS 
8. S M M GSM/UMTS 
9. S M L VSAT 
10. M P S DSL/GSM/UMTS 
11. M P M FTTH/ WiMAX 
12. M P L GSM/UMTS 
13. M C S GSM/UMTS 
14. M C M WiMAX 
15. M C L GSM/UMTS 
16. M M S GSM/UMTS 
17. M M M WiMAX/ GSM 
18. M M L WiMAX 
19. L P S DSL /FTTH 
20. L P M WiMAX 
21. L P L FTTH/ UMTS/ WiMAX 
22. L C S DSL/FTTH 
23. L C M GSM/UMTS 
24. L C L GSM/UMTS 
25. L M S GSM/UMTS 
26. L M M GSM/UMTS 
27. L M L GSM/UMTS 

 
a) 

 
b) 

 
c) 

Fig. 3. Graphical interpretation of fuzzy rules: 
a) plain region, b) combined region, c) mountain region 

III. PRICE FACTOR 

The use of fuzzy logic in determining US technology has a 
disadvantage that price as criteria  is not introduced as input 
variable. If price factor is used drastic enlargement in number 
of the rules will appear. The enlargement of the number of 
rules would lead to unacceptable model complexity. The 
problem with the price factor could be exceeded by 
introducing it in cases where  the output of the fuzzy systems 
is more than one technology. In that case the most adequate 
technology will be one with the lowest price per user C. In 
order to compare price differences between different 
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technologies it is proposed that the price of the technology is 
calculated from the Eq. (1): 

tesie CTCuCnC ++= /           (1) 

where n is the number of installation equipment units, u the 
number of users, Cie individual price of the installation 
equipment, Cs the service price per user for the one month 
period, T expected operation period in months, and Cte 
individual price for the terminal equipment. This Eq. (1) is 
checked for several technologies. 

IV. CONCLUSION 

 In the paper one methodology for determining appropriate 
technologies for US described. Within the EU directives, ITU 
studies, US examples from different countries and other 
available literature on US, the technology neutral approach is 
included. Each of the available technologies has its 
own advantages and disadvantages for US solutions and the 
authors propose that the list of potential technologies is 
selected with Delphi methods performed by telecom experts. 
 In deciding which technology is appropriate the following 
criteria should be considered: number of households, distance 
to the closest network connection point, geographic-
topological characteristics of the region and costs. As many of 
criteria are linguistic variables the concepts of fuzzy logic, 
MADM, or their combination could be applied.  

 
 
 

The price factor is introduced in cases where the output of 
the fuzzy systems is more than one technology. In that case 
the most appropriate technology will be one with the lowest 
price per user, calculated by proposed equation. 
 In next phase of research described methodology will be 
applied on US solutions for particular critical municipalities 
and regions in Serbia.  
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Impact of Cross Phase Modulation on WDM Optical 
Systems 

Georgi K. Georgiev1, Tchavdar Levtchev2 and Nikolay M. Stoyanov3

Abstract – Cross phase induced nonlinear distortion and 
nonlinear time jitter are assessed preliminarily in this paper. A 
semi-analytical model is developed to evaluate the nonlinear time 
jitter introduced by cross phase modulation and information 
carrying capacity of the fibber in case of high optical  power.  
The factors which cause these effects and the performance of the 
system with high spectrum efficiency are analyzed. The Obtained 
results with numerical simulations are revealed and discussed in 
this paper. 

 
Keywords – Communication systems, Cross phase modulation 

(XPM), nonlinear optics, phase modulation, time jitter, nonlinear 
phase noise, WDM systems.  

I. INTRODUCTION 

Multi-wavelength transmission systems with increasing 
number of channels and longer interamplifier spans require 
necessarily higher powers per channel to maintain acceptable 
signal-to-noise ratios (SNR’s). Since the power in a channel 
directly affects the refractive index of the fiber, when there are 
power variations along the length of the fiber, they change the 
refractive index of the fiber. In these systems, the transmission 
distances will be limited mainly by fiber nonlinearities 
including cross-phase modulation (XPM) and self-phase 
modulation (SPM) [1].  

Timing jitter is formed due to the phase distortions 
developed in the dispersive fiber. In the dispersion 
compensated standard single-mode fiber (SSMF, ps/nm/km), 
the high fiber the dispersion converts the phase modulation 
into intensity modulation, and results in signal distortion, 
which increases with bit rate [2]. 

To evaluate the impact of XPM in NRZ-OOK WDM 
optical system and the performance degradation caused by 
fiber nonlinearities, a semi-analytical model is constructed. 
Split step Fourier method is used to solve the pulse 
propagation problem in nonlinear dispersive media. The roots 
of this model lie in the derivation of the analytical time jitter 
formula related with XPM in WDM optical systems. In this 
model the dispersion and nonlinear effects are solved 
separately in time domain the first one and in frequency 
domain the last one. 

The influence of linear and nonlinear transmission 
impairments are studied in single channel transmission, where 

an implementation of novel NRZ-advanced modulation 
format, provides a better dispersion tolerance, but suffers from 
strong nonlinear impairments. 

Some of the previous analytical studies involved analyzing 
only the intensity modulation generated at the end of the fiber 
[3],  does not involve the split-step Fourier transform [4]or 
Only intensity modulated systems are considered and the 
experiments [5]. Also they do not consider the delay between 
the probe and the pump channel which is implemented in this 
study. The XPM affects the signal quality when signal optical 
power is high enough and these effects become more and 
more important for high data rate long distance systems which 
require high signal optical power. Therefore the evaluation of 
the effect of cross phase modulation here would be helpful in 
order to fully investigate the performance of WDM systems 
and to overcome some of the limitations caused by this 
nonlinear effect.  

II. INDUCED WAVEFORM DISTORTIONS 

The non-linear effects of the fibers play a detrimental role 
in the light propagation. Nonlinear Kerr effect is the 
dependence of refractive index of the fiber on the power that 
is propagating through it. This effect is responsible for SPM, 
XPM and for wave mixing (FWM).  

A. Calculation of phase shift and time jitter 

In fibers, the refractive index always has some dependence 
on the optical intensity which is the optical power per 
effective area. In case of XPM, the phase shift depends on the 
power of other channel. The total phase shift can be 
represented as [1], 

 

∑
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+=
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nieff
NL

i PPL 2(γθ   (1) 

 
where θi

NL is the non-linear phase shift for the ith channel, 
Leff  is the effective length of the fiber, Pi and Pn are the power 
for the channels i and n. On the right-hand-side of equation 
(1), the first term represents effect of SPM and the second 
term represents that of XPM. 

To analyze the effect of XPM and SPM, the nonlinear 
Schrödinger wave equation which is a mathematical 
representation for the nonlinear propagation of light signal 
through a fiber can be used [1].  

The phase variation of the channel i induced by Kerr 
interaction with from channel k along the infinitesimal 
distance from z to z + dz is given by [3], Based on the pump-
probe model [7, 8], the phase modulation of the first channel 
(probe) induced by the second channel (pump) is 
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dzzPzd kii ),(2),( ωγωθ −=   (2) 

Consider two channels, the pump channel k and the probe 
channel i. Due to the power in the pump channel, the phase of 
the probe channel varies along the length of the fiber. To 
evaluate the effect of this pump power, consider a standard 
SMF fiber of length L. Let dz be the small section of fiber for 
the analysis. The infinitesimal phase fluctuation created by 
optical power Pk of the channel k at fiber section dz will 
propagate to the end of the fiber of length L.  

The power Pk(z,ω) of the channel k with the assumption 
made by the small signal analysis [6]  can be expressed as 
follows: 

)/exp()cos(),0(),( ,kgkkk vjazzqPzP ωωω −−= (3) 

2/2
2 ωβ kkq −=    (4) 

Here υg,k denoting the group velocity, α is the attenuation 
coefficient and β2,k the dispersion. Due to chromatic 
dispersion of the fiber this small phase modulation will evolve 
into an intensity fluctuation through PM-IM (Phase 
modulation to Intensity modulation) conversion and also a 
phase delay will happen through a PM-PM (Phase modulation 
to Phase modulation) conversion [6].   As a result of cross-
phase modulation, the phase variation of the signal channel (i) 
due to the presence of pump channel (k) in a short fiber 
section dz at z is [6]: 

dzzjzzqPzd kkki )/exp()cos(2),( νωαγωθ −−−=   (5) 

Along the fiber at the point z this phase modulation 
becomes: 
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Relative walk off length Lw between the two channels with 
wavelength separation Δλ and dispersion D, introduces the 
intensity changes due to the change in the relative alignments 
of the interacting channels. This relative change accounts for 
the small time difference between the pulses, Δt which 
characterizes this intensity changes as: 

dzezLtPtL z
L

Wxpm
αγθ −∫ += ),0(2),(
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2,12          (7) 

Assume the fiber chromatic dispersion parameter is 
constant along the fiber and neglecting the second order 
dispersion (β2,k is wavelength independent) from (4),(5)and (6) 
can be obtained then at the receiver (z = L) the time jitter 
created by this short fiber section as:  

[ ] [ ][ ]dzzLDzLqzLj

c
zdzdt

L

ii

ii

)()(cos))(/(exp

),(),(

0

2

−−−−

−=

∫ νω

ωθωλ
ω

(8) 

B. The model 

Pulse propagation in optical fibre is simulated by applying 
the split-step Fourier method to numerically solve the 
nonlinear Schrodinger equation (NSE) [1], which includes the 
effect of first order and second order GVD, self phase 
modulation (SPM) and cross phase modulation (XPM) due to 
fibre nonlinearity, and fibre attenuation,. This is a well 
established mathematical model and is extensively modelled 
fro all fibres in the transmission system, ie. for DSF and DCF. 
The instantaneous pulse envelope A(z,t) propagating inside 
the fibre is calculated by solving nonlinear Schrödinger 
equation  numerically using the split-step Fourier method. 
Expressing equation (4.1) as 
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where Dˆ is the dispersion differential operator and Nˆ  is the 
nonlinearity operator: 
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An algorithm is developed to synthesise the Split Step 
Model using the numerical methods. Various aspects of 
accuracy of the simulation of solitons evolution have been 
closely examined and considered. The algoritm is developed 
in the MATLAB platform. The exact solution describes the 
pulse envelope in segment z+ Δz relative to its shape in the 
preceding segment z. Next consider dividing the fibre length 
into small steps of length Δz≈dz. As these two operators 
appear to add by superposition, dispersive and nonlinear 
effects can be considered to act independently. That is, the 
two effects split.  

In general, dispersion and nonlinearity act together along 
the length of the fibre. The Split Step Method obtains an 
approximate solution by assuming that in propagating the 
optical field over a small distance Δz, the dispersive and 
nonlinear effects can be pretended to act independently. More 
specifically, propagation from z to z+ Δz is carried out in two 
steps as shown in Fig.1.  

The drawback of using the SSF method is that it requires 
computations using two FFT per step size which are quite 
time consuming. Adding to that, it should be acknowledged 
that the step size used is usually held constant in system 
simulations. 
In [9], several step-size selection schemes have been 
investigated which have found that in most cases, the constant 
step size method is the least efficient of all methods. In the 
abovementioned paper, a local error method for step-size 
selection is introduced.  
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The local error is a measure of the error incurred in 
propagating through a single step Δz. This method is adopted 
to incorporate a variable step-size selection method in order to 
achieve more efficient propagation by decreasing the 
simulation time, while controlling the relative local error. 
Simulation semi-analytical model is constructed for simplicity 
to have two WDM channels, one operating at 1549.6nm and 
second at 1550.4nm.  A block diagram of the model is shown 
on Fig.2. 

Bernoulli binary generator is used to generate carrier, data 
random bit patter and modulation stream data. A discrete 
sampling method is employed with sampling time 10-18. 
Simple sum operator is to combine the two data streams and 
intensity fluctuations are added after that. The fiber 

propagation model consists of 2 blocks (SMFiber1 and 
SMFiber2) and use described above split step Fourier method. 
The first one takes into account dispersion effects, second one 
represents a number of non-linear effects such as Brillouin, 
Rayleigh and Raman scattering by using nonlinear 
parameterγ , which affects optical propagation over the fiber. 
Also we have to take into account in our model, that the mean 
nonlinear phase is depending on the optical power and the 
walk-off length is the main constraint for nonlinear interaction 
between two or multiple pulses when the XPM effects occur 
[10,11]. More specifically, XPM can be considered to have no 
effects when the faster moving pulse completely walks 
through the slower moving pulses. 

III. DISCUSSION AND RESULTS 

Modeling of the optical fiber system is quite different than 
the modeling of other types of communication systems, such 
as wireless system, due to its high bit rate, low bit error rate 
and its transmission media, which needs special consideration. 

The power in one channel affects the phase of the other 
channel and induces cross talk. If only one channel is 
transmitted, then it will not experience any cross talk since 
there is no neighboring channel to cause cross talk. This 
seldom happens in a WDM link since these links always carry 
multiple channels in the same link with narrow spacing 
between them. For simplicity and better understanding the 
worst effects of nonlinearities, first a single channel is 
considered. A launch power of 20 mW is used with 2.7 ps/nm-
Km dispersion, with 100 Km fiber length. The figure 3 shows 
the eye diagram of the resulting channel after passing through 
the fiber and dispersion effects.  

 

 
Fig. 3 NRZ probe signal with dispersion effects 

 
Intensity distortions and timing jitter are separate effects 

and they combine to produce more deleterious effects on the 
data transmission. The intensity distortion is due to the 
broadening of the upper rail corresponding to the transmission 
of “ones” and timing jitter is the broadening of edges of the 
eye corresponding to transition between “ones” and “Zeros”.  

The difference in the probe and the pump bit alignments 
plays a major role in the accumulation of the crosstalk. 
 If the edges are perfectly aligned, then it produces more time 
jitter and if they are not aligned exactly at the edges, then 
lesser time jitter is produced. The transfer function of the time 
jitter is shown on Fig.4 

 

 
Fig. 4 Time jitter transfer function  

 
The probe waveform is multiplied with the time jitter 

created and the resulting eye diagram that is shown below 
(Fig.5). 

Due to XPM considerable time jitter is accumulated along 
the length of the fiber. The time jitter is higher for higher 
pump channel powers and lower for lower pump channel 
powers. The difference in the probe and the pump bit 
alignments plays a major role in the accumulation of the 
crosstalk. If the edges are perfectly aligned, then it produces 

 
Fig. 1. Split-Step Fourier Method 
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more time jitter and if they are not aligned exactly at the 
edges, then lesser time jitter is produced. 

 

 
Fig.5. NRZ probe signal waveform with time jitter 

 
The optical network with NRZ modulated waveforms in a 

four span system is analyzed. The power of the pump channel 
is varied between 5mW to 25 mW and the resulting time jitter 
and intensity modulation is analyzed. This system also has 
dispersion compensation which is 80% of the total length of 
the fiber.  
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Fig. 6.  Time jitter vs. launched optical power 

 
The obtained results (dashed line) compared with model 

based on software package VPItranssmitionMarker4.5TM for 
launched power versus time jitter can be seen on Fig.6. The 
results are achieved for a 10-Gb/s systems using non-zero 
dispersion-shifted fiber, 50-GHz spacing (NZDSF) and D = 4 
ps/km/nm has a walk-off length Lw of 62.5 km. After the 
probe signal passes through the dispersion and SPM effects, 
an eye diagram is generated which will be undistorted and 
having a wide eye opening. This is taken as the reference and 
this waveform is multiplied with the XPM effects to analyze 
how much the probe signal will be affected by the XPM and 
other nonlinearities. The walk off is seen only at the end of the 
fiber while superimposing the time jitter on the probe wave, 
that’s why it  might have the higher jitter values than real 
systems and VPI-4.5 model. The model does not account for 
the dependence of the gain and noise spectra on the degree of 
amplifier saturation induced by the input signals. Since this 
paper considers the effect of SPM to be less, the power for the 
probe signal is considered to be very less in the order of 1 to 4 
mW.  

IV. CONCLUSION 

In this paper through the represented theoretical model we 
have investigate the performance degradation of NRZ 
modulation format for the influence of XPM induced 
nonlinear. The performance of the system was measured with 
different nonlinear phase shift. When there is high separation, 
the signals are well separated in the frequency domain which 
means that the effect of the walk off length is insignificant.  

Although we have to confess with the increasing of the 
launch power also increases absolute SNR, the represented 
model has demonstrated that for low penalties, it is not 
beneficial to work high optical power, since it will generate 
nonlinear interference between channels and a settlement by 
compromise must be taken.  

The optimal operation optical power range for each system 
configuration is the mid point where linear and nonlinear 
impairments balance each other.  
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Limitations in the Design of CATV 
Fiber-Optic Links 

Lidia T. Jordanova1 and Dobri M. Dobrev2  

Abstract – In the paper the results of an investigation in the 
field of CATV system design are discussed. They refer to the 
system’s optical lines in particular, when attenuation, dispersion 
and non-linear effects in the chosen fiber are taken into 
consideration. Criteria based on the bit rate and RF band 
transmitted are suggested to determine the maximum length of 
an optical line with no additional signal amplification provided. 
Relations are given to evaluate the influence of both the 
scattering effects and the self- and cross-phase modulation on the 
maximum launch power that provides the desired quality of 
information received. 
 

Keywords – CATV system, Fiber-optic link, Dispersion, 
Scattering and Kerr effects, Receiver sensitivity.  

I.  INTRODUCTION 

The main trends in CATV system development are closely 
related to digital and fiber-optics technologies whose 
application is constantly gaining ground. Modern CATV 
systems are of a hybrid (fiber/coaxial) type, the system’s main 
part implementing fiber optics and the peripheral one – 
coaxial cables. To increase the transport capacity of the 
system a dense wavelength division multiplexing (DWDM) 
technology is employed that results in a multiple usage of the 
radio frequency (RF) band allocated for interactive upstream 
and downstream channels [1]. 

The systems here considered differ by using RF carriers to 
transmit the information signals. Two frequency bands are 
provided for signal transmission from the headend to the 
subscribers: 112 MHz to 550 MHz (for analog video 
broadcasting) and 550 MHz to 862 MHz (for narrow casting 
services – data, voice and digital video). Analog video signals 
are transmitted by using VSB-AM while QAM methods 
(usually 256-QAM) are mainly used to transmit digital video 
programs and data. The system reverse paths make use of the 
5 MHz to 65 MHz frequency band and subscribers’ signals 
are transmitted by using QPSK or 16-QAM methods. The RF 
signals are transferred over the optic fiber by means of optic 
carriers whose wavelength may be 1310 nm or 1550 nm while 
with DWDM the wavelengths can be chosen from the wave 
range recommended by ITU. 

The parameters of the signals transmitted over optic fibers 
are worsening due to attenuation, dispersion and non-linear 
effects. These effects set some limitations on the RF signal 
bandwidth/bit rate, the maximum optic-fiber length allowed, 

the laser output power, the DWDM channel separation etc. 
When designing the optical part of a HFC system the 
dependences of the system parameters on the optic fiber 
parameters must be known. The paper is aiming at analyzing 
that kind of a problem. 

II. SYSTEM’S CONFIGURATION AND 
PARAMETERS OF ITS COMPONENTS 

The block-diagram of a multimedia CATV system to be 
designed is shown in Fig. 1. A specific feature of the system is 
that it implements DWDM technology to transmit interactive 
downstream channels from headend to hub over one optical 
fiber. The same technology is applied in multiplexing the 
upstream channels that transmit signals from subscribers to 
headend. Eight wavelengths (λ2 ... λ9 ) selected from the ITU 
grid are used to transmit 256-QAM signals for the interactive 
subscribers’ service. The system here considered operates in 
the C band (from 1536.61 nm to 1560.61 nm) and the channel 
spacing selected is 1,6 nm (200 GHz). The RF signals of the 
analog TV programs (VSB-AM signals) are transmitted over a 
separate fiber and to this end they modulate an optical carrier 
of wavelength λ1 = 1550 nm. 
 Node
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1/m
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Fig. 1 System’s configuration 

The analog transmitter and the ITU transmitters in the 
headend can be regarded as externally modulated sources that 
comprise a distributed-feedback (DFB) laser coupled to a 
Mach-Zehnder modulator. Outputs from the ITU transmitters 
are multiplexed and transported to the hub. To compensate for 
the loss within the optical channel erbium-doped fiber 
amplifier (EDFA) is used. In the hub the demultiplexed 
optical signals are routed to receivers. Outputs of the receivers 
are passband filtered, and then routed to the proper 1310 nm 
transmitter. Combined at RF, both analog and QAM signals 
drive the laser. At the node a single detector converts these 
signals to RF for distribution into the plant [2]. 

When a frequency band of 300 MHz is provided for 
narrowcasting 256-QAM channels the bit rate turns out to be 
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jordanova@tu-sofia.bg  

2Dobri M. Dobrev is with the Faculty of Communications and
Communications Technologies, 1756 Sofia, Bulgaria, e-mail: 
dobrev@tu-sofia.bg 



17 

about 2 Gbit/s. Since the broadcast analog spectrum is 
gradually reduced and the narrowcast one is increased even 
higher bit rates (up to 5 Gbit/s) can be attained if the entire 
112 to 862 MHz band is used. As for the bit rate over the 
reverse path it turns out to be lower due to its narrower 
frequency band, from one side, and to signal transmission 
based on modulation methods of smaller band efficiency, 
from the other side. Hence, a maximum bit rate of 5 Gbit/s is 
taken for granted when designing the optical lines. 

In the design of optic lines the parameters of the following 
devices have been used: 

Externally modulated transmitter: Output 0 dBm; 
Optical receiver: Sensitivity –18 dBm; 
DWDM (De)Multiplexer: Insertion loss 5.5 dB; 
EDFA: Gain 23 dB, Maximum Output 17 dB; 
Connector: Insertion loss 0.9 dB. 
Two types of fiber have been chosen to build up the 

system’s optical lines – S-SMF and NZ-DSF of the Sterlite 
Optical Technologies Ltd. The S-SMF chosen is designed to 
work within the wavelength range 1310-1600 nm and its 
parameters at 1550 nm are as follows: α = 0.22 dB/km, 
MFD = 10.5 μm, Dch = 17 ps/nm.km, Dpm ≤ 0.2ps/√km. The 
parameters of the chosen NZ-DSF are as follows: 
α = 0.22 dB/km, MFD = 9.6 μm, Dch = 2.0 to 6.0 ps/nm.km at 
1530 – 1565 nm, Dpm ≤ 0.2ps/√km. 

III. LIMITATION OF THE MAXIMUM FIBER 
LENGTH DUE TO DISPERSION 

Chromatic dispersion (CD) and polarization mode 
dispersion (PMD) are the two main sources of dispersion in 
the single-mode optical fibers. The first one is due to 
frequency dependence of the fiber refractive index n(ω). The 
velocity of the light wave within the fiber being v = c/n(ω), 
the spectral components of the transmitted pulse do travel at 
different velocities and arrive at the fiber end at different 
times, thus causing some pulse broadening. PMD takes place 
when the fiber core is not perfectly circular (which causes the 
two polarizations of light to travel at different velocity). The 
different arrival times of the two polarizations will cause the 
pulse to broaden in a similar way as CD does. 

The total pulse spreading due to CD and PMD is given by 

         
2 2

0D ch pm ch Ls pmD L D Lτ τ τ τ τ λΔ = − = Δ +Δ = Δ + ,        (1) 

where: τ0 and τ is the optical pulse width at the fiber input and 
output respectively; Δτch and Δτpm is the pulse spreading due to 
CD and PMD respectively; Dch and Dpm are the dispersion 
coefficients; Δλ Ls is the spectral width of the laser and L is the 
fiber length. Dispersion-induced broadening of the pulses is 
undesirable since it interferes with the detection process thus 
leading to errors in the received bit pattern. Hence, it is 
obvious that CD and PMD do limit the bit rate (BR) and 
transmission distance (L) of the system. 

The signal data rate can be limited by dispersion when the 
pulse spreading becomes a significant portion of the bit 
period. Such a spreading affects the bit error rate (BER) at the 
receiver because the pulses interfere with each other thus 
creating noise known as inter-symbol interference. The 

penalty to the carrier-to-noise ratio (CNR) at the receiver can 
be quantified by means of a number of methods. 

In the paper the quarter-bit interval equation [3] is applied 
to evaluate the maximum fiber length Lmax limited by 
dispersion. It imposes that the rms value of the pulse 
spreading do not exceed a quarter of the bit interval, i.e. 
ΔτD /√2 ≤ T/4, where T = 1/BR. Hence, 

                   ( )max
2

4 Lsch
L

D BRλ
=

Δ
,           (2) 

the typical spectral width of a high-quality DFB laser diode 
being ΔλLs = 0.1 nm. It is assumed that no power penalty due 
to PMD will be incurred by the system if 

                     
0.1

pm pmD L
BR

τΔ = < .            (3) 

With Dpm = 0.2 ps/√km and BR = 5 GHz the above 
requirement is met for L ≤ 10 000 km, i.e. PMD will not affect 
the parameters of the CATV system. 

In the case the values of the maximum fiber length as 
limited by CD for two types of optic fiber chosen for the 
system under consideration are: 40 km (S-SMF) and 160 km 
(NZ-DSF). Therefore the NZ-DSF fiber has been used in the 
optical line between the headend and the hub. The S-SMF 
fiber is more acceptable for reverse path where the maximum 
bit rate is below 1 Gbit/s. 

IV. CONDITIONS TO AVOID UNACCEPTABLE 
WORSENING OF THE SYSTEM’S PARAMETERS DUE TO 

NON-LINEAR EFFECTS IN THE FIBER 

Non-linear effects occur in fiber links when the transmitted 
power along the link reaches a threshold power. Two types of 
nonlinear effects can appear in the single-mode fibers usually 
applied in HFC CATV systems: scattering effects and Kerr 
effects. Stimulated Brillouin scattering (SBS) and stimulated 
Raman scattering (SRS) are associated with the first type. 
Three types of Kerr effects are considered to be important for 
modern optical communications: self-phase modulation 
(SPM), cross-phase modulation (XPM) and four-wave mixing 
(FWM). Since the fiber attenuation will diminish the power as 
it travels along the fiber, the non-linear effects take place over 
the effective length of the fiber Leff given by the equation 

                ( )1 L
effL e α α−= −

 (4)
 

where α is the fiber attenuation constant in 1/km and can be 
calculated by the following formula: α = 0.23 α[dB/km]. 
Therefore for long link lengths and a fiber attenuation of 
0.22 dB/km (α L >> 1) Leff ≈ 1/α ≈ 20 km. 

SRS and SBS are due to non-elastic interaction between the 
pump wave of wavelength λp and the fiber core that transfers 
most of the pump energy into a Stokes light wave of 
wavelength λs > λp . With a single optical channel the power 
scattering due to SBS and SRS results in decreasing the 
received optical power, on one hand, and in increasing the 
noise floor, on the other hand. In other words, CNR at the 
optical receiver input is reduced, thus causing the received 
signals quality to worsen. The maximum power that is 
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launched into the fiber without causing unacceptable 
worsening of the signal quality because of the scattering 
effects is limited to a given threshold value. 

The critical pump power required to reach the Brillouin 
threshold in a single-mode fiber with α L >> 1 is given by [4]: 

 ( ) ( )21th eff B effP SBS kS g L= , (5)  

where k accounts for the relative polarizations of the 
interacting waves (the value of k lies between 1 and 2), gB is 
the values of the Brillouin-gain coefficient at a Stokes 
frequency ωs (gB ≈ 5.10−11 m/W at a pump wavelength of 
1550 nm), Seff is the effective core area. Parameter Seff can be 
calculated with formula Seff = π(MFD/2)2. This makes 
Seff = 86.6 μm2 for the chosen type of S-SMF fiber and 
Seff = 72.4 μm2 for the chosen type of NZ-DSF fiber. The 
values obtained for Pth (SBS) are shown in Table 1. 

The Raman-gain spectrum being very broad, SRS can cause 
problems in DWDM systems and does not affect the 
parameters of the single-channel systems. Due to SRS an 
energy transfer from lower channels (shorter wavelengths) to 
higher channels (longer wavelengths) is observed. This results 
in worsening the CNR in lower channels and limiting the 
transport capacity of CATV systems. The following relation 
can be used to calculate the maximum power per channel Pi in 
order to provide 1 dB power penalty [5]: 
 ( )1 40 000 [mW.nm.km]i s effP N N Lλ− Δ < , (6) 

where N is the number of DWDM channels and Δλs is the 
channel spacing. The results for Pi that refer to N = 8 and 
Δλs = 1.6 nm for the chosen fibers are shown in Table 1. 

TABLE 1 
LAUNCH POWER LIMITATIONS DUE TO NON-LINEAR EFFECTS 

Fiber 
Type 

Pth SBS 
dBm 

Pi SRS 
dBm 

Pth SPM 
dBm 

Pi XPM 
dBm 

Pout /Pijk  
dB 

S-SMF 5.8 13.5 17.2 5.4 91 

NZ-DSF 4.8 13.5 16.4 4.6 76 

SPM occurs when high intensities are launched into the 
transmission fiber, causing the index of refraction n to be 
slightly modified as a function of the optical intensity. Its 
magnitude can be defined by means of the intensity-dependent 
nonlinear phase shift of the optical field ΦNL . The maximum 
phase shift occurs at the pulse center and is given by 
 ( )max (SPM) 2NL eff effn L S PΦ π λ∗= . (7) 

where n∗ is the nonlinear index coefficient 
(n∗ ≈ 3.2 x 10−20 m2/W). SPM is responsible for broadening the 
pulses spectrum. In order to avoid inadmissible intra-symbol 
distortion in the NRZ digital system the requirement 
ΦNLmax(SPM) ≤ π/2 must be fulfilled. The condition is held 
when the maximum launch power is less than Pth (SPM) 
whose values are given in Table 1. 

XPM appears when two or more waves propagate inside the 
fiber and interact between them in result of the nonlinearity of 
the refractive index produced by the total power along the 
fiber. This effect is similar to SPM but the phase shift of one 
channel depends on the power of other channels. The 

maximum phase shift due to XPM associated with the i-th 
channel (i = 1,2, …, N) can be estimated by [4] 

 ( )max (XPM) 2 2
N

NL eff eff i k
k i

n L S P PΦ π λ∗

≠

⎡ ⎤
= +⎢ ⎥

⎣ ⎦
∑ . (8) 

As seen from (10), XPM is always accompanied by SPM. If 
the optical fields are of equal intensity the XPM contribution 
to the nonlinear phase shift is twice as big as that of SPM. The 
maximum phase shift in a NRZ digital system becomes 
significant when ΦNLmax (XPM) > π/2 i.e. in the same way as 
in the case with SPM. 

In DWDM systems both SPM and XPM can cause 
significant phase changes that limit the system performance. If 
we take ΦNLmax (XPM) = π/2 as an acceptable value, the power 
in each channel is restricted to 

 
1

2 (2 1)i effP L Nπ γ
−

≤ −⎡ ⎤⎣ ⎦ , (9) 

where Pi is the power assumed to be the same in each channel. 
The values of Pi calculated for N = 8 are given in Table 1 for 
the chosen type of fibers. 

FWM is the interaction between three channels transmitted 
at different frequencies fi , fj and fk , that results in a fourth 
product frequency fijk = fi + fj – fk . FWM products reduce the 
energy in the transmitted channels, thus causing CNR to 
decrease at the receiver input. In addition, if the resulting 
frequency product is within the bandwidth of the transmitted 
channel it will cause crosstalk at the receiver. 

The following formula [6] can be used to evaluate the 
output power of the FWM product, generated at optical 
frequency fijk due to the interaction of signals at frequencies fi , 
fj and fk : 

   ( ) ( )
2

2
(0) (0) (0)exp

3
ijk eff

ijk i j k
eff

d n L
P L P P P L

S
π

η α
λ

∗⎛ ⎞
= −⎜ ⎟⎜ ⎟

⎝ ⎠

,   (10) 

where η is the FWM efficiency, dijk is the degeneracy factor, 
Pi (0), Pj (0) and Pk (0) are the powers of the input signals 
launched into a fiber. Parameter dijk depends on the number of 
channels affecting to FWM: dijk = 3 when i = j and dijk = 6 
when i ≠ j. Using the formulae given in [6] and assuming that 
the launch power is limited to 4 mW, the following result is 
obtained: η = 6.7 x 10−6 (for NZ-DSF fiber implemented in the 
line) and η = 3,4 x 10−7 (for S-SMF fiber). The values obtained 
for signal-to-spurious FWM product ratios Pout /Pijk (Pout is the 
output signal level) are shown in Table 1. It is evident that 
Pout /Pijk exceed the value of 60 dB i.e. the minimum allowable 
for that system. 

When analyzing the obtained results a conclusion can be 
made that for the system here considered the power penalty 
due to non-linear effects in the fiber can be considered 
negligible. 

V. DETERMINING THE LENGTHS OF THE       
FIBER-OPTIC LINKS 

When determining the maximum length of the optic line 
between headend and hub the limitations due to both the 
dispersion in the fiber and the minimum permissible level 
PRx min of the signal in the optic receiver input must be 
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considered. The minimum level depends on the carrier-to-
noise ratio at the receiver required to provide a bit error rate 
BER ≤ 10−6. The following relation [7] can be used to 
compute CNR in the case signals are transmitted through M-
multiple QAM: 

 ( ) ( ) ( ) 1212 1 expBER M z z π
−−≈ − − ,        (11) 

where 

 ( )
0.50.1 [dB]1.5 10 1CNRz M= ⎡ ⎤⋅ −⎣ ⎦ .         (12) 

When M = 256 a CNR value of 33,4 dB will provide 
BER = 10−6, which refers to the ideal optic channel.  

With real optical channel there are power penalties (PP) 
that degrade the received signal to such an extent that error 
rates increase due to inter-symbol interference. Such an effect 
can be compensated by increasing the CNR required at the 
receiver. To calculate the new value of CNR the following 
equation can be used: 

        D ER PDL CTCNR CNR PP PP PP PP∗ = + + + + ,        (13) 

where PPD , PPER , PPPDL , PPCT are the PP due to dispersion, 
non-ideal extinction ratio (ER) of the transmitter, polarization 
dependent loss (PDL) of same components in the network and 
crosstalk respectively. The PP components mentioned above 
are determined using the formulae in [8]. The total PP value in 
the optic line between headend and hub is PP = 12 dB, i.e. 
CNR∗ = 46 dB.  

The minimum received power providing the required BER 
(receiver sensitivity) can be determined as follows [7]: 

   minRx cP CNR NF h f BR∗= ⋅ ⋅ ⋅ ⋅ ,         (14) 

where NF is the noise figure of EDFA, h is the Plank′s 
constant (6.63⋅10−34 J/Hz) and fc is the optical carrier 
frequency (in the case NF = 6 dB and fc = 191,6 THz). A 
value of PRx min = −10 dBm will be obtained if the linear 
values of CNR∗ and NF are introduced in (14). 

TABLE 2 
POWER BUDGET FOR THE OPTIC LINK BETWEEN HEDEND AND HUB 

Elements Loss, dB 
(L = 90 km) 

Loss, dB 
(L = 60 km) 

Laser Output 0 0 
DWDM Multiplexer −5.5 −5.5 
NZ-DSF fiber −19.8 −13.2 
Splices −4.5 −3.0 
Connectors −1.8 −1.8 
DWDM Demultiplexer −5.5 −5.5 
Input into EDFA −37.1 −29.0 
Amplifier Output −14.1 −6.0 
Receiver Sensitivity +10.0 +10.0 
Margin −4.1 +4.0 

 

The power budget of the optic line must be computed in 
order to determine the maximum length of the optic line 
between headend and hub. Two cases are shown in Table 2. 
The first one refers to a line of L = 90 km and the second one - 
to L = 60 km. When determining the loss in the splices one 
should keep in mind that they are set up at every 2 km along 
the fiber each splice introducing a loss of 0.1 dB.  

The results show that the maximum length of the optic line 
between headend and hub should not exceed 60 km in order to 
provide a minimum margin of 3 dB referring to the required 
receiver sensitivity. For the optic lines between hub and optic 
nodes the chosen type of S-SMF fiber has been used, which 
dispersion coefficient at 1310 nm is zero. Since those lines are 
usually twice as short there is no problem to provide the 
required minimum signal level at the receivers located in the 
optical nodes. 

VI. CONCLUSION 

The relations suggested in the paper make it possible for the 
maximum length of the optical line (with no amplification 
provided) and the admissible launch power to be determined 
when given the parameters of both the fiber chosen and the 
CATV system (such as bit rate, carrier-to-noise ratio, bit error 
rate, number of DWDM channels, channel spacing). The 
analysis reveals that owing to attenuation and dispersion in the 
chosen fibers the maximum length of the optical line between 
headend and hub is limited to 60 km. Besides, a fiber of the 
NZ-DSF type is to be used for the forward channel and a fiber 
of the S-SMF type is suitable for the reverse channel and the 
link between hub and optical nodes. It is proved that if the 
maximum launch power per channel is limited to 4 mW the 
worsening of the system parameters due to scattering effects 
and SPM, XPM and FWM effects in the fiber will be 
negligible. 
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Improvement of the Optical Channel Noise 
Characteristics Using Distributed Raman Amplifiers 

Lidia T. Jordanova1, Valentin I. Topchiev2 

Abstract – In this paper a theoretical basis for simulation of 
amplifier noise parameters is provided. On the base of 
propagation equations the evolution of the net system gain and 
the added noises due to the spontaneous Raman scattering and 
the double Rayleigh backscattering of the signal is simulated. A 
mathematical model for the carrier-to-noise ratio (CNR) of the 
distributed Raman amplifier due to the noise components is 
obtained. The influence of the pump power, the net gain and the 
length of the transmission span on the noise parameters is 
researched and the working regime of the amplifier is optimized 
so that maximum of the CNR and improvement of the amplifier 
performance are attained. 

Keywords – Distributed Raman Amplifier, Amplified 
Spontaneous Emission, Amplifier Noise. 

I. INTRODUCTION 

One of the most usable in the contemporary submarine and 
long-haul terrestrial networks are the distributed Raman 
amplifiers (DRA), which is due to many advantages: 
stimulated Raman amplification can occur in any fiber at any 
signal wavelength by proper choice of the pump wavelength; 
the Raman gain process is very fast and the effective noise 
figure (NF) of the DRA is smaller than the NF of erbium-
doped fiber amplifier (EDFA) and the semiconductor optical 
amplifier (SOA) [1]. 

In contrast with the EDFA which is a discrete device with 
an input and an output, DRA can be described as a system 
which consists of two pumping sources placed at the 
beginning and at the end of the transmission span which 
length is more than 100 kilometers. The optical fiber is used 
as an active medium. The projecting of a DRA is related with 
the choice of a pump power value in accordance with the 
transmission span length; the needed net gain coefficient and 
the magnitude of the added noises.  

The high level of the pump power and the long actual 
transmission span of the distributed Raman amplifier are the 
reason for adding the noises due to spontaneous emission and 
double Rayleigh backscattering of the signal. 

Finally the authors’ goal is to use the presented 
mathematical model and the research results for designing an 
optical line that uses DRA at minimum level of the added 
noises. 
 

1Lidia T. Jordanova is with the Faculty of Communications and 
Communications Technologies, Technical University, Kliment 
Ohridski 8, 1000 Sofia, Bulgaria,  
e-mail: jordanova@tu-sofia.bg 

2Valentin I. Topchiev is with the Faculty of Communications and 
Communications Technologies, Technical University, Kliment 
Ohridski 8, 1000 Sofia, Bulgaria,  
e-mail: vtsc@mail.bg 

II. MATHEMATICAL MODEL OF A DISTRIBUTED 
RAMAN AMPLIFIER 

The scheme of a typical DRA which uses two pump 
sources is shown on figure 1. The pump sources marked as 
PS1 and PS2 are placed at both ends of the transmission span 
and their power is switched in the medium of the silica fiber 
by using optical multiplexers MX1 and MX2. 

When the pump power propagates in the direction of the 
signal it is called co- or forward pumping scheme, and when 
the pump travels in the opposite direction it is called counter 
or backward pumping. If PS1 and PS2 are used in the same 
time the pumping scheme is bidirectional. 

In this research it is assumed that the power of the pump 
source PS1 is S Pp and the power of PS2 is (1 - S) Pp  
respectively, where Pp is the pump power and S is a 
coefficient showing the power that is being pumped in the 
signal direction.   

 
Fig. 1. Distributed Raman Amplifier. 

The evolution of the signal (Ps) and the power of the pump 
source propagating along the optical fiber can be 
quantitatively described by differential equations called 
propagation equations. The signal and the pump power can be 
expressed as [1], [2]: 

 p p
R p s p p

s

dP
g P P P

dz
υ

α
υ

± = − −
                            (1) 

 s
R p s s s

dP g P P P
dz

α= −                                 (2) 

where gR [W-1m-1] is Raman gain coefficient of the fiber, αs 
and αp are the attenuation of the signal and the pump power in 
silica fiber, νs and νp – signal and pump frequencies. The signs 
of „+” or „–” correspond to forward and backward pumping. 

Since Pp >> Ps , the first term in equation (1) is negligibly 
low compared with the second and its influence can be 
neglected. Therefore expression (1) can be solved when both 
sides of the equation are integrated. When using forward 
pumping (S = 1), the pump power can be expressed as the 
following:  

 ( ) ( ) ( )0 exp .p p pP z P Lα= −                          (3) 
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In the backward pumping case (S = 0) the pump power is 
respectively: 

 ( ) ( ) ( )0 expp p pP z P L zα⎡ ⎤= − −⎣ ⎦
                     (4) 

where Pp(0) is the value of the pump power at point z = 0. 

 
Fig. 2. Net gain vs span length in several pumping 

regimes. 

In the general case when a bidirectional pumping [3] is 
used (S = 0 ÷ 1) the laser sources work at the same wavelength 
and at different pump power. Therefore to calculate the pump 
power at point z it can be used the equation: 

            ( ) ( ) ( )
( ) ( ) ( )

0 exp

1 0 exp .

p p p

p p

P z S P L

S P L z

α

α

= − +

⎡ ⎤+ − − −⎣ ⎦

                 (5) 

If the values of Pp are substituted in differential equation (2) 
and it is integrated from zero to L for the signal power in the 
forward and the backward pumping can be written: 
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        (7) 

where Gf and Gb are the net gain in the forward and the 
backward pumping.  

The net gain [4] is one of the most significant parameters of 
the DRA. It describes the signal power increase in the end of 
the transmission span and presents the ratio between the 
amplifier accumulated gain and the signal loss. It can be 
simply described by the expression: 

( ) ( ) ( )0NET s sG L P L P=                                (8) 

Using equation (8) it is calculated a group of characteristics 
shown on fig. 2. They describe the evolution of the net gain 
along the optical fiber in several pumping regimes. The results 
of fig. 2 can be used for describing the signal evolution and 

for analysis of the noise components which are amplified 
along the silica fiber. 

When using forward pumping, the signal in position z is 
higher than the input signal power and the added noise from 
spontaneous emission is not as significant as the backward 
case. Conversely, when the signal power is very high the 
noise from the double Rayleigh backscattering and the 
nonlinear distortion from self-phase modulation increase. 

III. DISTRIBUTION OF THE ASE AND THE DRB NOISE 
POWER ALONG THE TRANSMISSION SPAN 

In this section it is presented the evolution of the noise 
power of an amplified spontaneous emission (ASE) and a 
double Rayleigh backscattering (DRB) of the signal in the 
transmission span. 

A.  Amplified Spontaneous Emission 

The molecular unstimulated transition from virtual excited 
state to vibration state is the reason for spontaneous photon 
emission. Since the generated photons are uncorrelated with 
the signal power they are emitted in all directions and only 
small fraction of them propagate in the optical fiber medium. 

 
Fig. 3. ASE Power as a function of the span length 

in several pumping regimes. 

Differently from Pp and Ps , the noise power due to the 
spontaneous emission is equal to zero at the system input and 
it is totally created in the excited medium of the transmission 
span. The process of creating, amplifying and attenuating of 
the ASE noise is modeled by differential equation (9) and 
corresponds to its first, second and third terms [5]. 

2
ASE R

sp R p ASE p ASE s ASE
dP gn g P h P P P

dz
υ υ α± = Δ + −              (9) 

where gR is Raman gain coefficient, the plus and minus signs 
correspond to the forward and backward ASE noise power 
components and parameter nsp is is defined by the expression: 

( ){ } 1
1 exp .sp p ASEn h kTυ υ

−
⎡ ⎤= − − −⎣ ⎦

               (10) 
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Figure 3 shows the evolution of the ASE noise power in a 
120 km distributed Raman amplifier that uses a Sumitomo 
large effective area fiber (Aeff = 72 µm and gR = 0.45). In the 
discussed amplifier, pump power Pp = 810 mW and input 
signal power Ps

 = 1 mW are applied so that the signal has the 
same value at the input and the output of the transmission 
span, i.e. GNET = 0 dB. 

To simulate the signal and the noise power evolution, all 
differential equations are transformed in a discrete form of 
type: P(i+1) = P(i) + g(i) Pp(i) P(i) Δz + …[6], where P(i+1) is 
the predicted value of the studied power at the point (i+1) Δz,  
P(i) is the calculated value of previous step of calculation at 
point i Δz, Δz is a discretization step and g(i) is gain 
coefficient. 

The simulations are accomplished with the main pumping 
schemes – forward, backward and bidirectional. It is easy to 
view that at the end of the amplifying section the noise power 
is highest for the backward pump; therefore it is the most 
unfavorable scheme in respect of the ASE.  

If the explanation relates to the fig. 2 it can be noticed that 
this is due to the high gain at the end of transmission span 
which is applied upon the spontaneously emitted photons 
accumulated along the whole fiber length. On the contrary, at 
forward pumping high amplification is applied only upon the 
photons emitted around the optical channel input. 

B.  Double Rayleigh Backscattering 

When the signal is transmitted along the fiber small fraction 
scatters in all directions. The phenomenon is known as 
Rayleigh scattering and due to small inhomogeneities or 
microscopic variation of the refractive index. Small fraction of 
the scattered light couples back into the fiber medium and 
propagates in the opposite direction. The backscattered light 
amplifies along the fiber and creates new backscattered light 
which direction is the same as the signal. It is added to the 
signal as a noise power and the phenomenon is known as 
double Rayleigh backscattering of the signals [7].  

 
Fig. 4. DRB Power as a function of the span length 

in several pumping regimes. 

Differently from the ASE, the DRB noise depends on the 
pump and the signal power and it is strongly correlated with 
the signal. The spectral terms of the DRB noise power are 

distributed in a narrow waveband around the carrier and they 
overlap with the signal. 

The phenomenon can be modeled by using the propagation 
equations where (11) represents the Rayleigh backscattering 
and (12) – the DRB [1].  

 ( )pBS
p BS s BS R s DRB

s

dP P P P s P P
dz

ω
α α

ω
− = − + −

            (11) 

pDRB
p DRB s DRB R BS

s

dP P P P sP
dz

ω
α α

ω
= − +

               (12) 

The amplifier parameters which are used to simulate the 
curves on the fig. 3 are also used to compute the noise power 
of double Rayleigh backscattering and the results are 
presented on fig. 4. The most appropriate in this case is the 
bidirectional pumping (50/50 %), which ensures at about ten 
times less generation of noise power compared with the 
forward and the backward pumping.  

Intriguingly, when the full power is pumped at one of the 
ends of the transmission span, unfavorable results are attained. 
This can be explained with the high pick of the gain 
coefficient. Therefore good noise performance can be 
achieved when the net gain coefficient is equally distributed 
though the optical fiber length. 

IV. RESEARCH RESULTS OF THE INFLUENCE OF 
DIFFERENT FACTORS ON CNR 

The quality of the received signal can be evaluated by the 
parameter carrier-to-noise ratio (CNR) which is determined by 
the standard. On analogy with [8], the following equations for 
CNRASE and CNRDRB are obtained: 

2 2

,
2 2

s s
ASE DRB

ASE DRB

m P m PCNR CNR
P B P B

υ υΔ Δ
= =

           (13) 

where m is optical modulation depth, B and Δν are electrical 
and optical waveband. 

 
Fig. 5. CNRASE as a function of the pump power in 

several pumping regimes. 

If we assume that m = 0.035, Δν = 13.2 GHz, B = 4.75 MHz, 
then equations (13) can be presented in the following 
convenient for engineer calculations way: 
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                  (14) 

and the total CNR can be calculated by: 

[ ] [ ] [ ]( )dB 10 dB 10dB 10 log 10 10 .ASE DRBCNR CNRCNR − −= − +          (15) 

On fig. 5 and fig. 6 are shown the CNR values of the 
reviewed noise components as a function of the pump power. 
It can be seen that the increase of the pump power improves 
the CNRASE but at the same time deteriorates the CNRDRB .  

 
Fig. 6. CNRDRB as a function of pump power in 

several pumping regimes. 

In the first case the increase of the signal and the noise by 
ASE depend on their current values and the value of the pump 
power. Therefore the higher signal amplifies more times than 
the noise power. 

In the second case, however, the DRB noise power depends 
not only on the pump power but also on the value of the 
signal. By equations (11) and (12) it can be seen that the noise 
power is proportional to the product of Pp and Ps  so that the 
DRB noise power increase faster than Ps.  

 
Fig. 7. CNR as a function of the splitting coefficient 

S in several values of GNET. 

In order to find the optimum pumping regime, it is shown a 
group of curves on fig. 7. The total CNR is expressed as a 
function of the parameter S. The curves present the three main 

working regimes at less, equal or higher than zero net gain 
coefficient. In this case we have net gain - 6.5 dB, 0 dB and 
6.5 dB respectively. 

The results show that maximum ratio CNR can be achieved 
when the net gain coefficient is higher than 5 dB and the value 
of the parameter S is at about 0.5. When the DRA just 
compensate the optical fiber attenuation the optimum value of 
S is 0.6. When the net gain is less than zero, the CNR is 
maximal at S equal to 0.8. 

The optimized distributed Raman amplifiers guarantee that 
the CNR is higher than 60 dB. This allows cascading many 
amplifiers in one optical channel and the total CNR remains 
more than 52 dB which is required for CATV applications. 

V.  CONCLUSION 

On the base of the presented mathematical models the 
evolution of the two most essential noise components for the 
distributed Raman amplifier due to the spontaneous emission 
and double Rayleigh backscattering of the signal is 
researched. 

The analysis of the results show that forward pumping 
provides lowest levels of noise power by ASE whilst 
minimum of DRB noise power is achieved when bidirectional 
pumping is used. 

In order to find out the optimum working regime of the 
distributed Raman amplifier, three cases are reviewed: 
I. GNET = – 6.5 dB, II. GNET = 0 dB и III. GNET = 6.5 dB. It 
appears that when the net gain is more than 5 dB, maximum 
CNR is achieved when the parameter S = 0.5. When 
GNET = 0 dB, the optimum value of S is 0.6 and when the net 
gain coefficient is less than zero, CNR is maximum at S = 0.8.  
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Method for securing pay TV channels 
Oleg Borisov Panagiev1 

Abstract – Since pay television is a demanded commodity, it is 
subject to theft by unauthorized subscribers. This theft of service 
is a problem for basic services and eyen to a higher degree for 
pay services. To combat this loss of revenue, several methods are 
available to deter the unauthorized subscribers. In this paper we 
present a new method and his circuitry realization.  
 

Keywords – Pay TV, sweep generator, amplifier, CATV  
 

I. INTRODUCTION 

It is a known fact that Pay television is a demanded 
commodity.  The operator has to secure this pay programming 
from "free access" to every subscriber.  There are several 
methods used to secure the pay channel.  Some of which are 
more secure than others and some of which are more costly 
than others. The most costly may not necessarily be the most 
secure.  A decision must be made as to the best method for a 
given situation [1], [2]. The information presented by this 
paper will expose the audience to the method of pay receiving 
of TV channels and its circuitry realization. 

 The purpose of choosing this method is to ensure secure of 
the investment and the secure from larceny – aspiration: 
maximum security with minimum complexity on the lowest 
prices. The main technical requirements are minimal aggra-
vating of picture’s quality and a lack of interference in other 
channels. 

There are variations and degrees of securing a pay TV 
service. The method and hardware selected will depend on the 
specific applications.  Some systems do not need the state-of-
the-art interactive terminals for security.  These systems are 
using traps or a single channel descrambler.  The users of 
devices will select them based on the projected penetration of 
pay and the degree of security provided [3]. 

An economic analysis is made to determine the lowest price 
per pay subscriber for a security device. This indicates that a 
scrambled signal is less expensive.  This is true only when 
projected pay penetration is low. A different result will be 
indicated if pay penetration is 75 %. It comes that it is more 
economical to use trap filters. 

It is obvious from the simple analysis that the expense of 
securing multi-tier service would be directly related to the 
expected penetration.  It becomes obvious that the more pay 
services offered, the more expensive and more cumbersome 
the trapping and single channel descrambler becomes.  
Systems having multi-packaged and multi-tiered services are 
selecting the converter/descrambler combinations. 

Down described method for securing pay TV channels in 
the cable TV systems is based on using of the possibilities for 

inversion connecting of directional couplers in the subscriber 
distribution network (SDN). They are with insignificant 
frequency dependence in the whole spectrum (from 5 MHz to 
862 MHz) and could ensure isolation loss for every subscriber 
about 30÷40 dB. 

An additional device is not assembled in the subscriber’s 
home, which in other methods for paid receiving of TV 
channels cause some discomfort. On the other hand there is no 
need of any changes in the Head End. Only in the subscriber 
distributing network, after the main directional coupler, tо the 
respective output tap is added a new one, but connected by a 
definite way. 

II. ESSENCE AND CIRCUIT REALIZATIONS 

On fig.1 is shown a block circuit of the active scrambled 
module (ASM), which is basic for the method of suppressing 
television channels, whose receiving is unwanted, i.e. it is not 
paid for them. 

 
Fig.1. ASM block circuit 

ASM and an additional directional coupler (AT) are being 
connected in the subscriber distribution network, as AT is 
plugged in by inversion between the existing directional 
coupler (ET) and the subscriber’s television receiver (TV1). 
The output (OUT) of AT is being connected to an output  
TAP of ET by short  coaxial cable with two F-connectors, and 
its input IN – by a coaxial cable with antenna coupling into 
the TV1 input (fig.2). To output TAP of AT, which in this 
case is used as an input, is being connected the disturbing 
signal from ASM. 

To be reached the wanted effect in input IN of AT the two 
signals – the one from the cable television and the other from 
the ASM, must be commensurable. 

 
Fig.2. Schematic diagram for securing pay TV channels 

 1Оleg B. Panagiev is with the Technical University of Sofia,
Bulgaria, E-mail: olcomol@yahoo.com 
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Fig.3. VCO and wideband amplifier electrical circuit diagram 

The block circuit of ASM (fig.1) consist RAMP generator, 
VCO (voltage controlled oscillator) and amplifier. The RAMP 
generator generates saw-tooth voltage, which is being passed 
to a varicap D1 in VCO (fig.3), as his frequency is changing 
in a frequency range, in which the TV programs are, un-
wanted by the respective subscriber (fig.4 – the hatched area). 

Voltage controlled oscillator is consists of transistor T1, 
connected by common base circuit with capacity feedback, 
which is being realized by a capacitor C4. High frequency 
oscillations from the generator go to the wideband amplifier’s 
input by a capacitor C5, realized by transistors T2 and T3. 

 
Fig.4. CATV frequency plan with scrambled channels 

The RAMP generator is accomplished by two integral 
circuits IC1 and IC2 (fig.5). The IC1 monolithic timing circuit 
is a highly stable controller capable of producing accurate 
time delays or oscillation. In the time delay mode of 
operation, the time is precisely controlled by one external 
resistor and capacitor. For a stable operation as an oscillator, 
the tree running frequency and the duty cycle are both 
accurately controlled with two external resistors (R9, R10) 
and one capacitor (C9). At the provided circuit solution IC1 

 
Fig.5. RAMP generator electrical circuit diagram 

 works as a rectangular-pulse generator, which frequency is 
being defined by formula [4]: 

9109 )2(
49,1

CRR
f

×+
=     (1) 

IC2 represents an operation amplifier included in a circuit 
of integrator for receiving a saw-tooth voltage. Its work  is 
controlled by pulses, coming from the rectangular-pulse 
generator by C11. 

The RAMP generator and VCO form a sweep generator, 
which central frequency fc is being regulated by a trimmer 
R16. The frequency deviation of the generator is regulated by 
a trimmer R14, as it is changing the capacity of the varicap D1 
in the tank circuit (C2, L1, D1, C6), depending on the 
amplitude of saw-tooth voltage. In the down offered results 
the frequency deviation is ± 8 MHz towards the chosen 
central frequency fc, which in this case coincide with picture 
carrier frequency for a concrete TV channel. 

Note: It should be considered that the maximum depth of 
the deviation essentially depends from the saw-tooth voltage’s 
amplitude. 

The FM sweep generator signal is increases to an optimal 
level, needed for a TV program disturbance at a concrete 
frequency range. The increasing is realized by a bipolar 
transistors T2 and T3, working on a common emitter circuit, 
which impose using transistors with high transit frequency 

GHzfT 5≥  (BFR91, BFR96 or similar). The output level is 
regulated by a P1, representing a attenuator (75 Ω), [5]. 

The requirements about ASM are: stable amplitude, 
regulative between 70 dBμV and 100 dBμV; easy frequency 
adjustment; hopeful and stable work; compact size; low 
consumption; pure spectrum out of the working range. The 
consumption of the ASM is very low, which do not require 
powerful supply units and a big consumption of electricity. In 
some cases the ASM feeding could be made of the home 
amplifier’s supply unit. 

III. RESULTS AND APLICATIONS 

The provided circuit suggestions for ASM are realized in 
practice and studied in real structures of subscriber 
distribution network (SDN), and the results are underneath 
shown with pictures and graphics. During the studies is 
chosen UHF band, as the central frequency is 
fc = 511,25 MHz (C26). The deviation is ± 8 MHz, i.e. three 
neighbour channels are scrambling. Changing of the 
disturbing signal’s level (with P1) is ± 10 dB according to the 
normal level of useful signal. Effects of the disturbing signal 
are presented in Table 1. 

On fig .6 is shown a spectrum of the CATV system for 
three scrambled channels al lack and presence of ASM. On 
fig.6b could be clearly seen the spectral components of the 
disturbing channel, and its influence on the image is visible 
from fig.7 and fig.8. 

On fig.9 is presented a spectrum of the CATV system in the 
frequency range of 0÷1000 MHz at lack of TV channels, but 
with connected and working ASM. Left orientated and the 
highest is the pick of 0 MHz, and most right orientated is the 
end of the frequency range (1000 MHz). In the middle is the 
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TABLE 1 
CATV 

fc= 511,25 
MHz 

ASM 
fc= 511,25 

MHz 
U, dBμV U, dBμV 

TV1 screen picture Figure

70 57 Normal picture Fig.6a
no 

70 60 Bold white and black horizontal lines. 
Frame flicking picture. 

Fig.6b 
Fig.7a

70 65 
Bold white and black horizontal lines. 
Frame turning picture, the one half is 
noisy. Sound hum. 

Fig.6b
Fig.7b

70 70 
A close-meshed variegated net. The 
picture transparent through the net. 
Sound hum. Not possible for watching.  

Fig.6b
Fig.8a

70 75 A close-meshed variegated net. Sound 
hum. No program picture.  

Fig.6b
Fig.8b

70 80 A close-meshed variegated net. Sound 
hum. No program picture. 

Fig.6b
Fig.8b
Fig.9 

  
 a) no ASM        b) with ASM 
 Fig.6. Spectrum of CATV channels investigate 

  
     a) flicker     b) turn and sound hum 
  Fig.7. Break frame synchronization 

pick of disturbing signal (fc = 511,25 MHz). Around 100 MHz 
is noticed a little pick, which represents a spectrum of the 
parasite penetrating by the connecting cables signals from the 
terrestrial radio transmitters (87,5÷108 MHz). The rest of the 
spectrum is acceptable pure from disturbance and nonlinear 
products, which is visible from the graphics of the amplitudes’ 
changing of intermodulation nonlinear products from 2nd and 
3rd order (Fig.10). 

Note: For decreasing of the nonlinear products in the 
spectrum of group signal is advisable to work in the UHF 
band. At a couplers is possible to be scrambled channels in the 

 

  
    a) the picture transparent         b) picture lack 

through the net   
Fig.8. A close-meshed variegated net 

VHF band. Otherwise it is necessary to be connected a 
bandpass filter between the ASM and AT, letting through only 
the spectrum of scrambled channels and strongly limiting the 
RF signal harmonics and subharmonics. 

As an AT is used directional coupler 1 - WAY TAP 12dB 
/5-862MHz/ BZT G 687 670E. His isolation loss in the VHF 
range is 31 dB and 22 dB in the UHF range. Even in this low 
values for the AT isolation loss, on the experimental 
television receiver’s screen TV1 are missing the programs, 
which must not be watched by the subscriber. On the screens 
of the other television receivers (receiving the full volume of 
programs from the cable television) are not watched any 
disturbances, i.e. nonlinear distortions are enough suppressed 

 
Fig.9. CATV spectrum (0-1000 MHz) with ASM 

at missing TV channels  

 (see Fig.9 and Fig.10). This is a result of the big summery 
attenuation of the directional couplers (AT+ET) for the 
amplitude of the ASM signal. In the antenna’s input of TV2, 
receiving the full volume of programs, the maximum 
amplitude of the ASM signal will be about 30 dBμV. This 
could cause a visible disturbance on the screen. At bigger 
isolation loss of the AT (30÷40 dB), the disturbing signal will 
be missing on the input of TV2.  

On fig.11 and fig.12 are provided schemes of SDN with a 
radial structure. All devices are in one cabinet. The supply of 
ASM is being accomplished from adapter (= 12 V). The sub- 
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scribers who do not what to use a paid programs are connec-
ted to the end of the subscribers branch by a splitters. The 
applied scheme from fig.11 is a characteristic for a block of 
flats with eight floors, as on every floor there are two 
apartments and 1/4 of the subscribers do not use the Pay-TV 
service. 

On fig.12 is given a scheme circuit of SDN for a block of 
flats, but with three apartments on each floor and 1/3 of the 
subscribers do not use the Pay-TV service. 

AT

ASM Adapter 
=12V

TAPTAP

÷2

..

..

in

~220V

tap
outin TAP÷4

 
Fig.11. SDN schematic diagram 1/4 of the subscribers  

does not use the Pay-TV service 

 
Fig.12. SDN schematic diagram 1/3 of the subscribers  

does not use the Pay-TV service 

IV. CONCLUSION 

The presented method for securing pay TV channels gives 
an opportunity for protecting the interests of cable operator 
from illegal receiving of TV programs, fro which is needed an 
extra payment from each subscriber. At the same time because 
of the disturbing signal is being put with the useful signals 
only in SDN, the level of nonlinear products is much lower 
then that, which is being received from the method of 
scrambling in the Head End (widespread now days). 

As a work with a future science-applied character is 
necessary to be made a study about the influence of ASM onto 
the spreading of digital signals (i.e. the influence on the C/N 
and BER) in HFC/CATV networks, as well as for scrambling 
of the free digital TV programs. 

Other direction for future work is the usage of FPAA 
integrated circuit [6] as a programmable RAMP generator and 
at the same time for regulating the level of saw-tooth voltage, 
and then for the deviation (number of the scrambled 
channels). The control of these parameters could be possible 
realized from the Head End by digital signals. 
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The Optical WDM Network Link Failure Recovery Based 
on Bee Colony Optimization 

Goran Z. Marković, Vladanka S. Aćimović-Raspopović, Member, IEEE and Dušan B. 
Teodorović1 

Abstract — This paper considers the problem of optical WDM 
network recovery due to link failure in the physical network 
topology. The Bee Colony Optimization (BCO) metaheurictic is 
used to perform the optical WDM network reconfiguration after 
the link failure occured. The simulation of single link failure for 
a given optical network topology is performed and the efficiency 
of the BCO reconfiguration is compared with the rerouting 
approach.  It is shown that the proposed BCO reconfiguration is 
more efficient regarding the number of re-established lightpaths 
after the link failure.    

   
Keywords — Bee Colony Optimization (BCO), Lightpaths, 

Optical network, Reconfiguration, Rerouting. 

I. INTRODUCTION 

Optical Wawelength Division Multiplexing (WDM) 
networks based on wavelength routing technique are rapidly 
becoming a technology-of-choice to meet the tremendous 
bandwidth requirements for advanced communication 
services. A WDM optical network consists of wavelength 
routing nodes interconnected by point-to-point optical fiber 
links in an arbitrary (mesh) topology. Due to recent advances 
in optical switching technology, it is now possible to route the 
signals in optical domain without O/E/O conversion and 
eliminate electronic botleneck problem at network nodes. 
Optical WDM networks in which routing function is 
performed based on the optical signal wavelength are known 
as the wavelength routed optical networks (WRON). Several 
important advantages, such as increased usage of  optical fiber 
bandwidth, reduced processing cost, protocol transparency 
and efficient network component (link/node) failure handling, 
have made WRON a realistic solution for future high-speed 
backbone transport networks.  

The main mechanism of communication in WRON is a 
lightpath. A lightpath is circuit-switched communication 
channel established through the network fully in the optical 
domain. Each lightpath can carry the data with the rates up to 
several Gb/s, depending on the end node’s equipment 
processing capability. To establish a lightpath between two 
nodes, it is necessery to choose a route and to assign one free 
wavelength over links along that route. This is known as the 
routing and wavelength assignment (RWA) problem. 
 

1Goran Z. Marković (g.markovic@sf.bg.ac.yu), Vladanka S. 
Aćimović-Raspopović (v.acimovic@sf.bg.ac.yu) and Dušan B. 
Teodorović (duteodor@vt.edu, dusan@sf.bg.ac.yu) are with the 
University of Belgrade – the Faculty of Transport and Traffic 
Engeneering, Vojvode Stepe 305, 11000 Belgrade, Serbia 

If the wavelength conversion is not possible at network 
nodes, a lightpath has to be assigned the same wavelength 
accross all the links along the route. This is known as the 
wavelength continuity constraint. Also, the lightpaths 
established over the same optical fiber have to be assigned 
different wavelengths, which is known as the wavelength 
distinct constraint. These two constraints have to be satisfied 
in WRONs without the wavelenght converters, which are 
considered in this paper. 

This paper considers the link failure recovery problem in 
wavelength routed optical WDM networks. The amount of 
traffic carried by a lightpath is typically very large and 
therefore the fast recovery of service is of great importance, 
i.e. the recovery time has to be as short as possible.   

The paper is organized in the following way. In Section II 
general approaches for link failure recovery problem in 
optical networks are considered. Problem statement is given in 
section III. In Section IV, the numerical results obtained by 
simulation of lightpath recovery in case of link failure for a 
given optical WDM network topology are given and 
compared. Finally, section V gives some concluding remarks.     

II. THE LINK FAILURE RECOVERY TECHNIQUES 

Generally, there are different manners to manage the link 
failures at the lightpath level in optical WDM networks. Every 
working (primary) lightpath can be protected by preassigning 
resources (wavelengths) to its backup (secondary) lightpath. 
Upon a link failure ocures, every disrupted lightpath is 
switched to its backup lightpath. In this approach the service 
recovery is almost immediate since the backup lightpath is 
readily available. However, it requires excessive resources to 
be reserved and consequently has the reduced resource 
uitilisation.  

To overcome this shortcoming, instead to preassigning 
resources for backup lightpaths, they can be dynamically 
searched after a link failure. However, this approach will 
result in longer service recovery time and also the resources 
are not guaranteed to be available. 

In this paper, we will consider only the second manner for 
link failure recovery, based on dynamical resource searching. 
We will compare two strategies: 1) the lightpath rerouting 
strategy and 2) the reconfiguration strategy based on the BCO 
(Bee Colony Optimization) metaheuristic. The BCO 
metaheuristic represents the new direction in the field of 
swarm intelligence. The basic principles of the BCO 
metaheuristic can be found in [1] - [5]. 

In the rerouting strategy, the lightpaths that are affected by 
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the link failure are routed along alternative physical paths, 
without affecting other existing lightpaths in given optical 
network. If there is no available resources along alternative 
paths, a disrupted lightpath is finally rejected. The principal 
advantage of this approach is that existing lightpaths that are 
not affected by the link failure are never disrupted.      

In the reconfiguration strategy, all the lightpaths established 
in given optical network are disrupted for a short period of 
time and an altogether new logical network topology is 
computed, by removing a failed link from the physical 
network topology. It is shown that this approach has the 
potential to restore more lightpaths than the rerouting 
approach. We used the Bee Colony Optimization 
metaheuristic to obtain the reconfigured logical network 
topology. 

III. PROBLEM STATEMENT 

Let us assume that a considered optical WDM network 
physical topology (Fig.1) consists of N=8 routing nodes and 
L=11 optical  links (with two separate fibers for each 
direction) and with W=4 wavelengths per each fiber. We 
assume that the traffic demands between source-destination 
node pairs are initially known and given by the traffic matrix 
D:  

\ 1 2 3 4 5 6 7 8
1 0 1 1 0 1 1 0 1
2 1 0 1 1 0 1 1 1
3 1 1 0 1 0 1 1 1
4 1 0 1 0 1 1 0 1
5 0 1 1 0 0 0 1 0
6 1 0 1 1 0 0 1 0
7 1 0 1 1 1 1 0 1
8 1 1 0 1 1 0 1 0

⎡ ⎤
⎢ ⎥
⎢ ⎥
⎢ ⎥
⎢ ⎥
⎢ ⎥
⎢ ⎥=
⎢ ⎥
⎢ ⎥
⎢ ⎥
⎢ ⎥
⎢ ⎥
⎢ ⎥
⎣ ⎦

i j

D

 

Each element di,j in given matrix D has one of the two 
possible values: 

,

1, if a lightpath request exists between end nodes and

0, otherwise

⎧⎪= ⎨
⎪⎩

i j

i j
d  

The set of established lightpaths (or logical network 
topology) can be obtained by solving the static RWA 
problem, which is performed in off-line manner. In [6] we 
used the ILP (Integer Linear Program) formulation of the 
static RWA problem in which the number of established 
lightpaths need to be maximized (MaxRWA). For reasonable 
network dimensions (up to few nodes), the optimal solution of 
the MaxRWA problem can be obtained by exact solving the 
given ILP formulation. In [1] we proposed the BCO 
metaheuristic algorithm tailored for the MaxRWA problem, 
which we called the BCO-RWA algorithm. In this paper, we 
will apply the BCO-RWA algorithm to obtain the new 
(reconfigured) logical network topology after the physical link 
failure occurs in a network. 

We assume that all the lightpaths in obtained logical 
topology are currently in progress and that the failure in given 
network is randomly occured at one physical link. 
Consequently, all the lightpaths established over that link will 

be disrupted. Our objective is to solve the link failure recovery 
problem in given optical network so as to maximize the 
number of lightpaths after the failure is occured. To achieve 
this, we will use the reconfiguration approach based on the 
BCO metaheuristic and compare it’s efficiency with the 
rerouting approach.  

 
Fig 1. The optical WDM network physical topology 

IV. NUMERICAL RESULTS 

For the given physical network topology, the number of 
available wavelengths W and the given traffic demand matrix 
D we can obtain the optimal solution of the MaxRWA 
problem by solving the ILP formulation given in [6]. The 
optimal solution for physical routes and asssigned 
wavelengths of the established lightpaths are given in Table 1 
for the case when W=4. We can see that all of the 40 
requested lightpaths can be established before the link failure 
is occured. The required computing (CPU) time to obtain the 
optimal solution was 740 seconds with the processor on 1.66 
GHz with 512MB of RAM.  

Now, we will assume that the traffic is carried over the 
obtained logical topology and that the failure is occured on the 
physical link between nodes 3 and 5. The optimal solution of 
the RWA problem after the link failure is also given in the 
Table I. We can see that the total number of established 
lightpaths equals now 37. The CPU time required to obtain the 
optimal solution is nearly same as in the case before the link 
failure. Therefore, the time need to recover the network after 
the link failure would not be admissible if  this approach is 
used.  

However, if the reconfiguration approach is performed 
based on the BCO metaheuristic, the total number of 
(re)established lightpaths is same as in the case of optimal 
(ILP) solution, but with the considerably reduced computation 
time of only 4 CPU seconds. As a result, traffic disruption in 
network could not take for a long period of time in the case of 
the BCO reconfiguration.  

The results for the lightpaths’ routes and assigned 
wavelengths obtained by using the BCO reconfiguration 
approach are given in the Table II. It can be seen that the total 
number of established lightpaths equals 37 which is the same 
as in the case of optimal (ILP) solution. 
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TABLE I. OPTIMAL RWA SOLUTIONS BEFORE AND AFTER THE 
FAILURE ON THE PHYSICAL LINK (3,5) 

BEFORE               
LINK FAILURE 

AFTER               
LINK  FAILURE 

 
# 

 
Nod

e 
pair Route 

Wav
e-

leng
th 

Route 

Wav
e-

leng
th 

1 (2,1) 2→1 λ1 2→1 λ4 
2 (3,1) 3→1 λ4 3→1 λ3 
3 (4,1) 4→2→1 λ3 4→2→1 λ2 
4 (6,1) 6→4→5→1 λ4 6→4→5→1 λ2 
5 (7,1) 7→3→5→1 λ2 7→3→1 λ1 
6 (8,1) 8→5→1 λ1 8→5→1 λ3 
7 (1,2) 1→2 λ4 1→2 λ1 
8 (3,2) 3→1→2 λ2 3→1→2 λ2 
9 (5,2) 5→4→2 λ4 5→4→2 λ3 
10 (8,2) 8→6→4→2 λ2 8→6→4→2 λ4 
11 (1,3) 1→3 λ1 1→3 λ2 
12 (2,3) 2→4→5→3 λ1 2→1→3 λ3 

13 (4,3) 4→5→3 λ2 
4→5→8→7

→3 
λ4 

14 (5,3) 5→3 λ4 5→1→3 λ4 
15 (6,3) 6→8→5→3 λ3 6→8→7→3 λ3 
16 (7,3) 7→3 λ4 7→3 λ2 
17 (2,4) 2→4 λ2 2→4 λ2 
18 (3,4) 3→5→4 λ1 3→1→5→4 λ4 
19 (6,4) 6→4 λ3 6→4 λ3 
20 (7,4) 7→3→5→4 λ3 7→8→6→4 λ1 
21 (8,4) 8→6→4 λ1 8→5→4 λ2 
22 (1,5) 1→5 λ4 1→5 λ3 
23 (4,5) 4→5 λ3 4→5 λ3 
24 (7,5) 7→8→5 λ4 7→8→5 λ4 
25 (8,5) 8→5 λ2 8→5 λ1 
26 (1,6) 1→2→4→6 λ3 1→2→4→6 λ4 
27 (2,6) 2→4→6 λ4 2→4→6 λ3 
28 (3,6) 3→5→8→6 λ4 3→7→8→6 λ3 
29 (4,6) 4→6 λ2 4→6 λ2 
30 (7,6) 7→8→6 λ3 7→8→6 λ2 
31 (2,7) 2→1→3→7 λ4 / / 
32 (3,7) 3→1→5→8→7 λ3 3→7 λ2 
33 (5,7) 5→1→3→7 λ3 5→1→3→7 λ1 
34 (6,7) 6→8→7 λ2 6→8→7 λ2 
35 (8,7) 8→7 λ1 8→7 λ1 
36 (1,8) 1→3→7→8 λ2 1→5→8 λ2 
37 (2,8) 2→1→5→8 λ2 2→4→6→8 λ1 
38 (3,8) 3→7→8 λ1 / / 

39 (4,8) 4→6→8 λ1 
4→2→1→5

→8 
λ1 

40 (7,8) 7→3→1→5→8 λ1 / / 
 

TABLE II. RWA SOLUTION BASED ON THE BEE COLONY 
OPTIMZATION  METAHEURISTIC 

# 
Node 
pair 

Route 
Wave-
length 

1 (2,1) 2→1 λ2 
2 (3,1) 3→1 λ1 
3 (4,1) 4→5→1 λ4 
4 (6,1) 6→4→2→1 λ1 
5 (7,1) 7→3→1 λ2 
6 (8,1) 8→5→1 λ1 
7 (1,2) 1→2 λ2 
8 (3,2) 3→1→2 λ3 
9 (5,2) 5→4→2 λ3 

10 (8,2) 8→6→4→2 λ4 
11 (1,3) 1→3 λ1 
12 (2,3) 2→1→3 λ4 
13 (4,3) 4→6→8→7→3 λ4 
14 (5,3) 5→1→3 λ2 
15 (6,3) 6→8→7→3 λ3 
16 (7,3) 7→3 λ1 
17 (2,4) 2→4 λ4 
18 (3,4) 3→1→5→4 λ4 
19 (6,4) 6→4 λ2 
20 (7,4) 7→8→6→4 λ3 
21 (8,4) 8→5→4 λ2 
22 (1,5) 1→5 λ3 
23 (4,5) 4→5 λ2 
24 (7,5) / / 
25 (8,5) 8→5 λ3 
26 (1,6) 1→5→8→6 λ2 
27 (2,6) 2→4→6 λ3 
28 (3,6) 3→7→8→6 λ1 
29 (4,6) 4→6 λ2 
30 (7,6) /  / 
31 (2,7) 2→1→3→7 λ3 
32 (3,7) 3→7 λ4 
33 (5,7) / / 
34 (6,7) 6→8→7 λ2 
35 (8,7) 8→7 λ1 
36 (1,8) 1→5→8 λ1 
37 (2,8) 2→4→6→8 λ1 
38 (3,8) 3→7→8 λ2 
39 (4,8) 4→5→8 λ3 
40 (7,8) 7→8 λ4 

 
 
Now, we will compare our BCO reconfiguration approach 

with the commonly used rerouting approach in the case of link 
failures. We assume the same network scenario as described 
in the case of reconfiguration approach.  

In the rerouting approach, we assumed that a link-disjoint 
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physical route could be found for each node pair after the 
failure on any link is occured. The occupied wavelenghts over 
the fiber links after the physical link (3,5) is failed are shown 
in the Figure 2. These graphs are drawn based on the optimal 
RWA solution given in the Table 1 (before the link failure) 
with releasing the resources which were occupied by 
disrupted lightpaths.  

It can be seen from the Table I that the total of 8 lightpaths 
will be disrupted if the physical link between nodes 3 and 5 is 
failed. Those are the lightpaths labeled with the ordinary 
numbers: 5, 12, 13, 14, 15, 18, 20 and 28. After the link 
failure is occured, these lightpaths are tried to be rerouted. 
However, by  performing the rerouting algorithm based on  
the link disjoint paths, it can be shown that no one of the 
disrupted lightpath can be rerouted due to lack of avilable 
resources (wavelengths) in given network. Consequently, the 
number of disrupted lightpaths when applying the rerouting 
approach is 8, while with the BCO reconfiguration approach 
is reduced to 3 with the same available resources in network. 
It means that the rerouting approach gives worse 
performances compared to the BCO-based reconfiguration 
approach according to the link failure recovery problem.   

V. CONCLUSION 

The Bee Colony Optimization (BCO) represents the new 
metaheuristic capable to solve difficult combinatorial 
optimization problems. In this paper, the BCO is used to solve 
the optical WDM network recovery problem when the 
physical link failure occurs in a network.  The results obtained 
through performed simulation of the link failure event in a 
given optical network show that the BCO reconfiguration 
approach could give better performances compared to the 
rerouting approach.  

If the short service disruption time is tolerable than the 
BCO reconfiguration can be usefull approach for fast network 
recovery in a case of link failure until the new logical network 
topology is fully reconfigured.  
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SLA Monitoring System of QoS Parameters to Network 
Performance Metrics Mapping 

Aleksandar Tsenov1 and Todor Georgiev2 

Abstract – Service-level-agreement (SLA) monitoring measu-
res network Quality-of-Service (QoS) parameters to evaluate 
whether the service performance complies with the SLAs. It is 
becoming increasingly important for both Internet service pro-
viders (ISPs) and their customers. However, the rapid expansion 
of the Internet makes SLA monitoring a challenging task. As an 
efficient method to reduce both complexity and overheads for 
QoS measurements, sampling techniques have been used in SLA 
monitoring systems. In this work, using an efficient sampling 
strategy, which makes the measurements less intrusive and more 
efficient, a network performance monitoring software model is 
introduced, which monitors such QoS parameters as packet 
delay, packet loss and jitter for SLA monitoring and verification. 
 

Keywords – Service-level-agreement (SLA), Quality-of-Service 
(QoS), SLA monitoring 

I. INTRODUCTION 

Internet Service Providers (ISPs) now offer service level 
agreements (SLAs) routinely to their customers. Management 
needs contractual guarantees that business objectives are met, 
and end-users demand assurance that their critical network 
applications and services are available when needed. The 
availability of SLAs and a means to validate them gives 
management the confidence to move ahead. The wide 
adoption of the E-business model has made it essential that 
service-providers deliver on SLAs in a quantitative and 
qualitative manner. This has driven the service-providers to 
seek consistent testing and measurement methods that make 
real sense of customer network performance. 

An SLA is defined by the International Telecommunica-
tions Union (ITU) as “a negotiated agreement between a 
customer and the service provider on levels of service charac-
teristics and the associated set of metrics. The content of 
SLAs varies depending on the service offering and includes 
the attributes required for the negotiated agreement” [1]. The 
Internet Engineering Task Force (IETF) defines SLAs in a si-
milar way [2]. Figure 1 shows the main features of the SLAs. 

Generally speaking, a good SLA should include these three 
key aspects:  

Service level objectives: encompass Quality-of-Service 
(QoS) parameters or class of service provided, service 
availability and reliability, authentication issues, SLA expiry 
date, and so on. 

Service measuring components: specify the way of 

measuring service quality and other parameters used to assess 
whether the service complies with the SLA. 

Financial compensation components: include billing 
options, penalties for breaking the contract, and so forth. 

 

 
Fig. 1. Structure of service-level-agreements 

II. RESEARCH MOTIVATION AND CONTRIBUTION 

SLA monitoring is about collecting statistical metrics about 
network performance to evaluate whether the provider comp-
lies with the level of QoS that the customer expects [3]. The-
refore, accurate measurement and estimation of network per-
formance becomes a key challenge in SLA monitoring. How-
ever, the implementation of measurement becomes increa-
singly difficult and complex due to the rapid expansion of the 
Internet. Traditional measurement tools, such as “ping”, can-
not satisfy the measurement requirements nowadays. More-
over, the dramatic increase in the speed of wide area back-
bones presents obstacles to complete statistics collection. The 
enormous amount of measurement data may significantly 
increase the cost and resource usage [4]. 

In order to solve these problems, sampling techniques are 
employed in SLA monitoring systems to reduce the quantity 
of control data and resources required to process it, and finally 
to reduce the measurement complexity and cost. Systematic 
sampling and random sampling are two widely used methods 
in existing monitoring systems, but both of them have severe 
limitations. Stratified random sampling can achieve higher 
estimation accuracy, but its high complexity may compromise 
its advantages.  

The aim of this research, which has been funded through 
the research contract “BY-TH 105/2005”, is to develop an 
efficient sampling strategy to make the measurement less 
intrusive and more efficient. Then a network performance 
monitoring software, which monitors such QoS parameters as 
packet delay, packet loss and jitter for SLA monitoring and 
verification, and which uses the proposed sampling strategy, 
needs to be designed. These objectives have been fully 
achieved. Firstly, a theoretical analysis of the performance of 
different sampling techniques is made [5], [6]. Secondly, a 
novel adaptive sampling strategy is proposed. Finally, QoS 
monitoring software model is proposed. 
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III. QOS METRICS REVIEW 

A. Main Usages of Internet Measurements 

As described in [5], the main usages of Internet 
measurements are Internet topology measurement, workload 
measurement, performance monitoring and routing 
measurement. 

- Topology measurement: collects information on the net-
work connectivity and graphical locations of network devices. 
With the rapid development of Internet, it becomes a challen-
ge to track and visualise the complex Internet topology [5]. 

- Workload measurement: focuses on the collection of 
information on the resource usage of routers or switches and 
the link utilisation [5], [6]. 

- Performance measurement: is used by network users or 
researchers in analysing traffic behaviour on specific paths or 
the performance (e.g., packet delay, jitter, packet loss) associ-
ated with individual ISPs. A recent development in the 
industry is the monitoring of SLAs [5]. 

- Routing measurement: measures the dynamics of routing 
protocols and routing updates [6]. 

All of the mentioned above measurements can be perfor-
med in two ways – passive and active measurements. 

The IETF’s IPPM has developed series of standards called 
Requests For Comments (RFC) on network performance mea-
surements. The standard metrics for measurements are defined 
in RFC 2330, which are listed below: 

- Metric for Measuring Connectivity (RFC2678) [7]; 
- A One-way Delay Metric (RFC2679) [8]; 
- A One-way Packet Loss Metric (RFC2680) [9]; 
- A Round-trip Delay Metric (RFC2681) [10]; 
- One-way Loss Pattern Sample Metric (RFC 3357) [11]; 
- IP Packet Delay Variation Metric (RFC 3393) [12]. 

B. Sampling Techniques 

In this chapter, three conventional sampling techniques, i.e., 
systematic sampling, random sampling and stratified samp-
ling, and their characteristics are introduced. 

Then a new sampling technique called “adaptive sampling” 
is presented. 

Figure 2 illustrates these three sampling techniques. 
 

 
a) systematic sampling       b) random sampling        c) stratified sampling 
 

Fig. 2. Sampling techniques 
 

Systematic sampling generates sampling traffic according 
to a deterministic function. Generation of the sampling traffic 
is triggered by either time (i.e., at fixed intervals) or packet 
count (i.e., every N-th packet). Figure 2.(a) shows periodic 
sampling with a period of T seconds. 

Random sampling employs a random distribution function 
to determine when a sample should be generated. Typically 
the samples are generated according to a Poisson process. As 
shown in Figure 2.(b), random sampling may produce a vary-

ing number of samples in a given time interval. With random 
sampling, an unbiased estimate of the QoS metric can be 
achieved. However, the entirely random nature of the samp-
ling process may also cause the undesirable effect that samp-
ling intervals are not uniformly distributed, and therefore the 
network may not be sampled for a rather long time. 

Stratified random sampling combines the fixed time 
interval used in systematic sampling with random sampling. 
Figure 2.(c) shows stratified random sampling with a period 
of T and a random sample is generated in each period. 

IV. ADAPTIVE SAMPLING 

The proposed in this work sampling method is called 
adaptive sampling. In conventional sampling, the sample se-
lection procedure does not depend on the observations made 
during the sampling, so that the entire samples may be selec-
ted prior to the start of the sampling process. In adaptive 
sampling, the procedure for selecting samples may depend on 
the values of the variable of interest observed during the 
sampling process. The primary purpose of adaptive sampling 
design is to take advantage of population characteristics to 
obtain more precise estimates, for a given sample size or cost, 
than is possible with conventional designs. For example, the 
dynamic nature of network traffic determines that sometimes 
the variable of interest (e.g., packet delay, packet loss, traffic 
quantity) may be smooth, while at another time, the variable 
of interest may present dramatic variations. Intuitively, given 
a fixed total sample size, a more accurate estimate can be ob-
tained by changing the sampling rate adaptively such that the 
algorithm samples less during periods in which the variable of 
interest is smooth and samples more during periods in which 
the variable of interest varies dramatically. Figure 3 shows the 
adaptive sampling in two measurement intervals. In the mea-
surement of interval i, the variable of interest presents drama-
tic fluctuation, so we select comparatively more samples; whi-
le in the measurement of interval i + j, the variable of interest 
changes smoothly, so we select comparatively fewer samples. 

 
Fig. 3. Example of adaptive sampling 

 
The following Figure 4 represents how important is the 

choice of the sampling period and how different the aspect of 
the traffic load, depending of the sampling period might be. 

Despite its advantages, the real implementation of adaptive 
sampling may be difficult, which may compromise its advan-
tages. For example, that for stratified sampling, the most accu- 
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Fig. 4 Utilization with different averaging times [13] 
 

rate estimate is obtained by allocating the number of samples 
in each stratum so that the number of samples in each stratum 
is proportional to the standard deviation of the variable of 
interest in the stratum. Then, to implement adaptive stratified 
sampling for packet delay measurements, the optimum samp-
ling design should allocate the number of samples in each 
stratum to be proportional to the standard deviation of packet 
delay in that stratum. Therefore, to determine the optimum 
number of samples for the next stratum, the standard deviation 
of packet delay in the next stratum has to be predicted. In rea-
lity, the uncertainty and complexity involved in standard devi-
ation prediction may compromise the advantage of using the 
adaptive stratified sampling technique. 

As discussed above, adaptive sampling methods select 
samples adaptively according to values of the variable of inte-
rest observed during the sampling process. The key element of 
adaptive sampling is the prediction of future behaviour based 
on the observed behaviour. Hernandez et al. employee a linear 
prediction (LP) algorithm in their adaptive sampling method 
to measure the network throughput [14]. 

In this part, we propose an adaptive stratified sampling 
scheme, which employs a least-mean-square (LMS) linear 
prediction algorithm to predict the standard deviation of 
packet delay from past observations. Then the sample size for 
the next stratum is calculated from the predicted value of the 
standard deviation. 

 
Fig. 5 Architecture of LMS algorithm [14] 

 
The LMS algorithm is one of the most widely used adaptive 

linear algorithms. A significant feature of the LMS algorithm 
is its simplicity. It does not require measurements of the 
correlation function, nor does it require matrix inversion. The 
adaptive mechanism enables it to approximate the steepest 
descent algorithm automatically from sample to sample. 
Figure 5 shows the architecture of the LMS algorithm, where 

m is the order of the predictor, y(k) is the input vector and wk is 
the prediction coefficient vector. 

V. MODELLING THE MEASUREMENT TOOL 

In this part, we introduce the software design. Firstly, we 
introduce the software environment and the functionality of 
the software.  

Architecture of the Measurement tool - MT System  
MT should consists of two kinds of systems ; (a) Control 

System (CS) and (b) Measurement System (MS). Fig. 6 
describes the architecture of MT.  

 
Fig. 6 Architecture of the proposed MT   

 
Control System (CS): CS, main system of MT, receives 

commands sent from Control Shell (CSH), with which opera-
tor controls and manages AMT. CSH is console-based user 
interface. CS has three processes like Fig. 6; (a) Control Ser-
ver (CSV), (b) Storage Server (SSV) and (c) DB Server 
(DBS). CSV receives commands from operator, parses the 
commands, and then processes the commands. CSV consists 
of three threads; (a) Main Thread (MAT), (b) Measurement 
Thread (MET) and (c) Polling Thread (POT). MAT receives 
command from CSH and processes it. MET initiates a measu-
rement and POT checks the health of measurement systems 
and network. SSV collects measurement data from local 
database (Local DB) of each MS after the measurement and 
stores the data in the central database (Central DB). It is for-
ked by CSV when preparing the collection. The collection is 
performed with the aid of Delivery Agent (DA) of each MS. 
DBS analyzes the gathered raw data and stores them into 
Central DB. 

Measurement System (MS): MS has four processes like Fig. 
6; (a) MT Daemon (MTD), (b) MT Sender (MTS), (c) MT 
Receiver (MTR) and (d) Delivery Agent (DA). After MTD, 
main process of MS, first registers itself in CS, it receives all 
the control messages from CSV, processes them and sends the 
result to CSV. For example, when CSV sends the measure-
ment preparation message to the registered MTD of each MS, 
MTD receives the message to prepare measurement. It forks 
MT Sender (MTS) and MT Receiver (MTR) which will per-
form actual measurement. All the control messages from CSV 
to MTS or MTR of each MS are sent to MTS or MTR via 
MTD of the MS. The reason that we designed MT system for 
all the control message messages between CSV and MTS or 
MTR to go via MTD is that we tried to make MTS and MTR 
be lightweighted processes that can run stably for a long time. 
MTS is forked by MTD when CS starts measurement. After 
MTS receives a measurement start message, it generates 
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measurement packets. The packets are generated in Poisson 
process by a pseudo-random number generator. MTS sends 
every packet to all the MTRs which are joining in the 
measurement. MTR is forked by MTD when CS starts 
measurement. After MTR receives a measurement start 
message, it opens Local DB file to be ready to receive 
measurement packets. Whenever it receives a measurement 
packet, it stores the record of the packet in Local DB. The 
record consists of 5 fields; (a) Sequence Number, (b) Sender 
IP Address, (c) Sent Time, (d) Receiver IP Address, and (e) 
Received Time. ‘Sequence Number’ is 4-byte sequence 
number field. ‘Sender IP Address’ is 4-byte IP address field of 
MT sender that sent the packet. ‘Receiver IP Address’ is also 
4-byte IP address field of MT receiver that received the 
packet. ‘Sent Time’ is 8-byte timestamp field in which the 
timestamp is written by Ethernet device driver just before 
packet’s being sent into network interface card. ‘Received 
Time’ is also 8-byte timestamp field where the timestamp is 
written by Ethernet device driver just after packet’s being 
received from network interface card. DA is forked by MTD 
when CS gathers measurement data from each MS. After DA 
receives a gather start message, it opens Local DB and 
delivers the measurement data stored in it to SSV of CS. 

Procedure of Measurement 
Step 1. Initialization of MTD for measurement: CSV sends 

all the MTDs that take part in measurement a ‘measure-ready’ 
message indicating that they have to prepare a measurement. 
The control packet including the message provides them with 
a system parameter and a list of IP addresses of all the 
participating MTDs together with the message. 

Step 2. Fork of measurement processes: When MTD of MS 
receives the ‘measure-ready’ message, it makes control chan-
nels that will be used to communicate with MTS and MTR 
that are implemented in UNIX domain stream socket. It forks 
MTS and MTR and then forwards the ‘measure-ready’ mes-
sage to them through the control channels. 

Step 3. Establishment of control channel: After MTS and 
MTR have been forked by MTD, they establish control chan-
nel that is used to communicate with MTD. MTS and MTR 
obtain the system parameter such as the list of IP addresses of 
participants from control packet including the ‘mea-sure-
ready’ message. When MTS and MTR are ready to mea-sure, 
they report the readiness to MTD through the control channel. 

Step 4. Confirmation about readiness from MTD: When 
MTD receives the report from both MTS and MTR, MTD 
sends CSV a ‘measure-ready-ack’ message indicating that MS 
is ready to measure. 

Step 5. Start of measurement: When CSV has received the 
report from all MTDs, CSV sends them a ‘measure-start’ 
message indicating that they have to start measurement. 

Step 6. Start of actual measurement: When MTD receives 
the ‘measure-start’ message, it forwards the message to its 
child processes: MTS and MTR. 

Step 7. Injection of measurement packets: MTS generates 
measurement packets in Poisson process. The packets are sent 
to all participating MTRs except MTR in the same host 
through UDP socket. 

Step 8. Storing of measurement records: When MTR 
receives a measurement packet, it stores into Local DB a 

record that consists of the following fields; (a) Sequence 
Number, (b) Sender IP Address, (c) Sent Time, (d) Receiver 
IP Address, and (e) Received Time.  

VI. CONCLUSION 

The next steps of the development of the MT are the mode-
ling of its primary functions and then – their implementation. 
The QoS monitoring software will be written in C++ language 
and developed with Microsoft Visual Studio 6.0. The measu-
rements can be taken using the TCP, UDP or ICMP protocol. 
The expected results should be used as main part of the work 
according to the project mentioned below and for provisioning 
application-specific QoS in NGN as to [15] as well. 
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End-to-End Delay Analyses 
in IP Networks 

Rossitza. Iv. Goleva1, Dimitar K. Atamian2

 
Abstract - Quality of Service analyses in IP networks and 

especially end-to-end management in real time services is 
dynamic investigation area. The transmission of voice, audio, and 
video is sensitive to the delay and delay variation. Wired and 
wireless technologies set different requirements to the quality 
parameters. They also influence end-to-end delay in different 
ways. This paper proposes approximate analytical/simulation 
solution to end-to-end analyses in packet switched transmission. 
The analyses are made taking into account the class of the 
services, their delay bounds and codec implemented. End-to-end 
resource management is estimated using Network Signalling 
(NSIS) protocol. The derived results are applicable to IP scalable 
network planning, optimization, and congestion management. 

 
Keywords - Packet network, IP, Quality of Service, shaping. 

I. INTRODUCTION 

Mixed IPv4 and IPv6 networks, wired and wireless 
solutions and hybrid networks with multimedia traffic carried 
are interesting investigation area. The technological 
circumstances are changing continuously and this requires 
dynamic Quality of Service estimation and management. IPv4 
and IPv6 headers have different size. This influences the 
servicing rate at the router and switch interfaces. The minimal 
IPv4 header is 20 bytes. Minimal IPv6 header is 40 bytes. The 
next additional headers can be added in IPv6 datagram. The 
maximal length of IPv6 is 1280 bytes. The maximal length in 
IPv4 is 1500 bytes. The average packet length in both versions 
can vary significantly depending on the traffic nature and 
applications [1], [2].  

Some of the interfaces apply traffic shaping and policing at 
packet level [3], [4], [5]. The policing are implemented at 
access points of the networks. Shaping is applied on the 
network and technology boundaries. In a typical end-to-end 
connection there are at least one policing point and few 
shaping points. The policing technique is capable to reject 
packets. Shaping technique applies additional delays to some 
of the packets and the gained capacity is assigned to the 
packets without enough delay reserve.  

End-to-end delay and delay variation phenomena in TCP 
and UDP services under bursty traffic depends strongly on the 
traffic distribution, policing and shaping applied [6], [7]. The 
access points behave as worst case delay points under heavy 
and bursty load traffic.  
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In this paper we investigate shaping influence on the end-to-
end delay and delay variation. The work is based on the packet 
stream with Poisson arrival at session level and Deterministic 
arrival at packet level already observed during simulation [3], 
[8], [9]. Distribution of the packets at the queue entry and at 
the output of the router interface is mixed. The probability of 
the packet to wait and the probability of place and waiting 
losses are investigated further on [10], [11], [12].  

The aim of the paper is to demonstrate the capability of the 
priorities and shaping techniques under typical interface load 
of 40 to 50%. The derived results are applicable to the routers 
that are capable to keep state parameters per session, estimate 
them and manage dynamically the queue and priority 
parameters.  

We investigate the four mostly used techniques for traffic 
and Quality of Service (QoS) management – IntServ, 
DiffServ, RSVP, and NSIS. The analytical/ simulation 
approach is used for this purpose. It is based on the FIFO 
queue with priorities and limited waiting bound per priority.  

II. QOS MANAGEMENT  

Integrated Services (IntServ) is a complex technique often 
called protocol that ensures Quality of Service in IP networks. 
It is applied usually in access routers or gateways. It tries to 
serve packets from different services in a different ways 
depending on the quality requirements. IntServ classifies 
services into three main classes depending on the traffic 
requirements as elastic, tolerant real-time and intolerant real-
time:  

- Elastic applications are served in a “best effort” discipline. 
The quality parameters cannot be guaranteed. It is applied for 
not time critical applications like email 

- Tolerant real-time applications are delay sensitive and 
usually require high bandwidth. LAN-to-LAN connectivity is 
usually modelled this way 

- Intolerant real-time applications require low delay and 
almost guaranteed bandwidth. VoIP service is intolerant to the 
delay 

Differentiated Services (DiffServ) is another quality 
management technique that is more applicable for core 
networks. Due to its nature DiffServ applies its rules on 
aggregated traffic. After appropriate marking of the 
aggregated packets they are gathered in the way that is defined 
for their class. There are three main types of services we try to 
highlight in this paper: 

- Premium service with low delay, low loss, guaranteed 
bandwidth applied for VoIP 
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- Assured service with less requirements to the delay and 
loss in comparison to the premium service for LAN-to-LAN 
connectivity 

- Olympic service with no time requirements for email 
Dynamic traffic management and especially Quality of 

Service management requires signalling protocol that is 
capable to confirm traffic contract end-to-end. The two 
protocols investigated here are Resource Reservation Protocol 
(RSVP) and Network Signalling (NSIS).  

Resource Reservation Protocol (RSVP) is a technique 
useful for delay sensitive traffic like VoIP. Three types of 
services are identified for RSVP like:  

- Wildcard filter with maximal requirements for given 
interface applied for LAN-to-LAN connectivity 

- Shared explicit with maximal requirements for the 
interface taking into account called address. It is applied for 
email 

- Fixed filter with full reservation for quality sensitive 
services like VoIP 

Network Signalling (NSIS) protocol is a new generation of 
RSVP/ IntServ protocols that is capable to confirm end-to-end 
Quality of Service parameters. The new phenomenon in NSIS 
is in the distinction between signalling transport and signalling 
application in different layers. The signalling information is 
transported using TCP session or UDP protocol. The analyses 
of the signalling information can be transparent to some of the 
network nodes. It also can be analysed in those nodes where 
there is a need of quality estimation and management. The 
same packet filters like those in RSVP are applied. They are 
modified by means of reservation, traffic measurement and 
reconfiguration parameters. NSIS also keeps state parameters 
per session like IntServ. The protocol can update flow 
parameters, support multihoming, tunnelling and IPv4/ IPv6 
traverse.  

The transport part of the NSIS supports both datagram and 
virtual connection modes for signalling transport. It also 
associates security protocols. NSIS is the unique dynamic QoS 
protocol nowadays. The protocol node is capable also to 
implement shaping by adding variable delay in the packet 
flow depending on their quality requirements. Whenever 
packets are delayed this means adding additional delay and 
delay jitter. Therefore, shaping is bounded by end-to-end 
delay and delay jitter constrains [13], [14]. The appliance of 
NSIS in a network enable traffic contracts at all network 
interfaces – access, edge or core. NSIS is applicable for 
Service Level Agreement (SLA). It is applicable for customer 
profile specification and management.  

III. TRAFFIC SOURCES  

Three types of traffic sources are assumed in an example 
wide area network – Voice over IP, LAN-to-LAN 
connectivity, email. LAN traffic is lower priority in 
comparison to the VoIP traffic and with higher priority in 
comparison to the email. The there services are mixed together 
with some assumptions. In Voice over IP (VoIP) service 
silence and talk intervals are exponentially distributed. On-off 
model is applied.  

LAN emulation is specific with its sessions. Sessions are 
established for any Internet connections. Packet rate is higher 
in comparison to the VoIP. Session duration is low. The traffic 
source is behaving as on-off model with exponential duration 
of the silence and transmission intervals [5]. Emails are 
specific with packet exchange mostly in one direction. The 
service is not time demanding. Number of traffic sources is 
taken from the typical image in a business area. Packets are 
taken to be long. In VoIP traffic 200 bytes carry up to 20 
milliseconds voice. This means that quality voice can be 
transmitted only in the area using up to 20-30 and even more 
hops.  

The limits for waiting times are calculated under 
consideration of end-to-end delay for every service. Servicing 
times per packets are fixed on 100 Mbps line interface. Table I 
represents all the parameters for traffic sources in the model. 

 
TABLE  I 

TRAFFIC SOURCES PARAMETERS 

Parameter VoIP LAN-
to-LAN 

Email 

Pear rate, packets 
per second 

10-30 164-250 1-5 

Mean call/ session 
duration, sec 

180 20-50 10-50 

Mean duration 
between beginning of 
calls/ sessions, sec 

360 10 15 

Mean talk/ silence 
duration, sec 

10/20 50/10 20/10 

Distribution of 
call/series duration  

Exp. Exp. Exp. 

Traffic sources  5000 500 1500 
Priorities High Medium Low 

IV. ANALYTICAL AND SIMULATION MODEL  

Simulation is performed on C++ language. The pseudo 
exponential pseudo deterministic characteristics of the traffic 
sources are reached after usage of combination between many 
random generators. The queue behaviour is complex due to 
the priorities and limits on waiting times. Waiting times limits 
are calculated taking into account specific requirements of the 
four QoS techniques - IntServ, DiffServ, RSVP, NSIS. The 
bounds are calculated analytically, the statistical results are 
derived via simulation. Many parameters have been derived 
from the model like time and space loss probabilities, 
probabilities to wait for different types of traffic, queue 
lengths, waiting times at many interface points in the model 
like output of the traffic sources, input and output of the 
queue. Statistical accuracy of the derived results is proven by 
Student criterion.  

The overall load of the interface is calculated with Eq. 1. 
 

Modelling

Occupancy

T
T

oadInterfaceL ,= ,                                       (1) 
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Where InterfaceLoad is the overall occupancy of the 
interface 

TOccupancy is the duration in seconds when the servicing 
module is occupied 

TModelling is the overall modelling time 
The probability of packet loss is estimated with Eq. 2.  

nsmittedTotalNoTra
PacketLossPPacketLoss = ,           (2) 

Where PacketLoss is total number of lost packets 
TotalNoTransmitted is total number of transmitted packets 
Packet losses are divided into waiting bound losses and 

place losses. It is demonstrated further in this paper that the 
place losses dominate on the overall losses.  

Mean waiting time is calculated by Eq. 3 dividing total 
duration of waiting packets and total number of waited 
packets.  

sitedPacketNumberOfWa
eWaitingTimTimeMeanWaitin =  (3) 

Most of the LAN traffic is considered to be TCP. The 
waiting time limits for such traffic depend on the round trip 
time of the TCP segments.  

TCP applies many different mechanisms that allow 
retransmission and slow start in the session. The limits for 
slow start are different (Eq. 4). In typical TCP session of up to 
15 hops waiting time limits for queues is function of the slow 
start limit. Otherwise, the interface will force all LAN sessions 
to decrease the transmission rate.  

RTTESlowStart 2= ,                        (4) 

Where SlowStart is the value of the timer and  is the 
estimated round trip time of the packet. Many authors propose 
also formulae Eq. 5.  

RTTE

RTTRTTRTT bSaEE += , where 9,08,0 ≤≤ a , 
,             (5) 2,01,0 ≤≤ b 1=+ ba

RTTS  is a slow start round trip time. This formula enables 
small adjustment of the timer and more precise calculation of 
the waiting time limits in queues.  

Therefore we propose that end-to-end delay limit 
calculation to use Eq. 6, where  is the number of hops 
in the end-to-end connection.  

hopsN

hops
LAN N

msSlowStartW 100
max

−
≤             (6) 

Typical number of hops Nhops is up to 15. In case of 100 
milliseconds of segment/fragmentation delay than the limit for 
waiting time in the queues is divided between hops. This limit 
is doubled or increased in different ways.  

Because of the difference in service activity and distribution 
we apply in the simulation model the following bound for the 
peak traffic from all sources in Eq. 7. For three types of 
services we propose for more accuracy Eq. 8. The priority and 
delay requirements for email are low and they do not 
interference the overall behaviour in the interface.  

∑
=

≤
3

1i
iiPiPeak NRR λ , where                          (7) 

Rpeak – total peak rate for all sources to the given interface 
i – stands for VoIP, LAN and email parameters as follows: 
RPVoIP – peak rate of 1 VoIP traffic source in packets 
λVoIP – VoIP source intensity per call 
NVoIP – number of VoIP sources 
RPLAN – peak rate of 1 LAN traffic source in packets 
λLAN – LAN source intensity per session 
NLAN – number of LAN sources 
RPemails – peak rate of 1 email traffic source in packets 
λemail – Email source intensity per session if any 
Nemail – number of email sources 

emailemailPemail
i

iiPiPeak NRNRR λλ 1,0
2

1
+≤ ∑

=
             (8) 

The packet service time is estimated on the 100 Mbps 
interface rate to 0.00001732 seconds. This is the time interval 
for 200 bytes packet. The length of the queue fraction per 
service type QLenVoIP is made equal to the series length SVoIP, 
i.e. VoiP service. This is done to avoid series loss Eq. 9.  

SVoIP = QLenVoIP  
SLAN = QLenLAN            (9) 
Semail = QLenemail  
We also denote with PVoIP, PLAN and Pemail payload per 

packet per service. Thus we derive the length of the series in 
Eq. 10. 

PVoIPVoIPVoIP RPS = , packets                      (10) 
The overall queue length of the interface in packets is QLen 

Eq. 11 or Eq. 12 depending on whether we allow series loss or 
not.  

TransLANVoIPLen SSSQ ++≤            (11) 

TransLANVoIPLen SSSQ ++≥           (12) 
Waiting time limits depends in the type of service. For 

example for VoIP end-to-end delay should be below 150 
milliseconds. A typical number of hops are up to 25. Minimal 
delay on fragmentation at both ends is equal to the voice 
buffer, i.e. 20-30 milliseconds. Maximal waiting time per 
queue WmaxVoIP can be calculated with Eq. 13.  

ServLenVoIPVoIP TQW ≤max         (13) 
Maximal waiting time limit for LAN packet 

depends on VoIP packets because they are of higher 
priority. The formula Eq. 14 is applied.  

LANWmax

ServLenLANVoIPLAN TQnWW +≤ maxmax ,         (14) 
Where n can be any number. For reasonable waiting time 

limits we choose n=2. The same rule is applied for maximal 
waiting time limit for the third queue fraction with the lowest 
priority  shown in Eq. 15.  emailWmax

ServLenemailLANVoIPemail TQmWnWW ++≤ maxmaxmax  (15) 
Where n and m are any numbers but are chosen to be 2.  
The number of parallel VoIP sessions NSVoIP can be 

calculated from Eq. 16, where AVoIP is traffic per VoIP 
source and NVoIP is the number of traffic sources.  

VoIPVoIPVoIP ANNS =                          (16) 
The same is applied for other types of services.  
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V. RESULTS 

Simulation is performed on C++ language. The pseudo 
exponential pseudo deterministic characteristics of the traffic 
sources are reached after usage of combination between many 
random generators. The queue behaviour is complex due to 
the priorities and limits on waiting times. Many parameters 
have been derived from the model like probability of packet 
loss due to the lack of place in the queue, probability packet to 
be dropped due to the waiting limit exceed, probability to wait 
for different types of traffic, observations on of the packets 
intervals, queue lengths, delay, delay jitter, waiting times at 
many interface points in the model. Statistical accuracy of the 
derived results is proven by Student criterion. The presented 
results are in the 90% confidence interval from statistical point 
of view. IntServ, DiffServ, RSVP and NSIS have different 
way to gather with packets and this influences the way they 
police, drop and shape them.  

Interesting results that influence directly interfaces and 
queue management are derived on the basis of queue length 
per service type. The queue fraction of the three services is 
observed. For services with highest priority like VoIP IntServ 
it is the most proper mechanism. DiffServ offers good overall 
utilization. RSVP and NSIS demonstrate the excellent quality 
for VoIP service. NSIS is the most flexible technique.  

The results after the investigation of the priority queue with 
different waiting and place bounds are shown on Table II. 
Under almost the same utilization factor the utilisation of the 
fractions of the queue per service is changeable. Waiting 
losses are quite small for the fast interfaces and can be 
considered negligible. Table III represents probabilities of 
place losses on different utilization factor.  

TABLE  II 
NUMERICAL RESULTS ON UTILIZATION 

Parameter IntServ DiffServ RSVP NSIS 

Utilization 0.4732 0.45847 0.44051 0.46791 
VoIP Utilization 0.04533 0.04367 0.04238 0.04475 
LAN-to-LAN 
Utilization 0.42334 0.40996 0.3936 0.41855 
Email Utilization 0.00453 0.00484 0.00452 0.00461 

 
TABLE  III 

NUMERICAL RESULTS ON PROBABILITY OF PLACE LOSSES 

 Medium 
traffic 

Above 
medium 
traffic 

Close to 
heavy 
Traffic 

Heavy 
traffic 

Utilization 0.46184 0.48059 0.64364 0.71751 
Probability of 
Place Loss 0.00001 0.00059 0.02651 0.08808 
Traffic sources  0.00008 0 0.00011 0.00564 
Priorities 0 0.00067 0.03087 0.09781 
 0 0 0.00173 0.13891 
 
The overall shaping effect is seen for the service with 

highest priority. The delay for the service with lowest priority 
becomes bigger. Therefore, the delay bound for real time 
services is kept on the favour of the non real time services.  

VI. CONCLUSION 

The four QoS techniques distribute the queue resource in a 
different way. This is the reason to see different mean values 
and shaping effects. The acceleration effect of the services 
with highest priority is demonstrated.  

The deterministic nature of the packets streams suppress 
shaping and increase losses. The statistical multiplexing effect 
is very limited due to the deterministic streams.  

NSIS is the most flexible and tunable resource management 
and utilization technique. The authors refine the simulation 
model with more traffic sources and more precise generation 
of the packets from these sources based on the observation of 
the real traffic. NSIS protocol as well as non real time services 
has to be simulated as pure TCP traffic. Limits criteria for 
queue management and especially its tune adjustments criteria 
are under evaluation. 
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Analysis on Technologies Supporting Resource 
Management in Next Generation Networks 

Pavlina H. Koleva, Ivaylo I. Atanasov, and Evelina N. Pencheva 
 

Abstract – Next generation networks accommodate different 
quality of service (QoS) mechanisms including resource 
reservation and admission control. Resources can be requested 
through service control function and through service platform. 
The paper investigates the support of Session Initiation Protocol 
(SIP) in procedures concerning resource reservation and 
admission control. The QoS management capabilities of 
technologies providing open access to network functions are 
analysed. 

Keywords – Next generation network, Session initiation 
protocol, open service access, resource and admission control 

I. INTRODUCTION 

Next Generation Network (NGN) is a concept of network 
providing all kind of multimedia services. Different services 
have different characteristics and properties which determine 
specific quality of service (QoS). To increase service 
performance, different QoS control mechanisms could be 
used, corresponding to different technologies. The QoS 
support mechanisms have a strong influence on the 
architecture that may be needed to provide them as to ITU-T 
Rec. Y.1291. In case the QoS is requested by the service, the 
user terminal or home gateway does not itself support native 
QoS signaling mechanisms. It requests an application-specific 
service by sending a service request to a Service Control 
Function (SCF). It is then the SCF’s responsibility to 
determine the QoS needs of the requested service, to request 
network authorization from the network resource controller 
which then requests resource reservation to network. 
According to the QoS architecture, the mechanisms dealing 
with the pathways through which user traffic travels include 
admission control, QoS routing, and resource reservation. The 
admission control mechanism controls the traffic to be 
admitted into the network and is policy driven. QoS routing 
concerns the selection of a path satisfying the QoS 
requirements of a flow. The mechanism of resource 
reservation sets aside required network resources on demand 
for delivering desired network performance as to [3]. 

The functional architecture and requirements for the 
resource and admission control functions (RACF) in NGN are 
defined in ITU-T Rec.Y.2111. The RACF should provide 
real-time application-driven and policy-based transport 
resource management in support of end-to-end QoS.  

Pavlina H. Koleva, Ivaylo I. Atanasov and Evelina N. Pencheva 
are with the Faculty of Telecommunications, Technical University of 
Sofia, Kliment Ohridski 8, 1000 Sofia, Bulgaria, E-mail: 
p_koleva@tu-sofia.bg, iia@tu-sofia.bg, enp@tu-sofia.bg 

The paper presents analysis on resource management 
capabilities of Session Initiation Protocol (SIP) as a control 
protocol for multimedia sessions. Technologies providing 
open access to network functions for QoS management are 
also discussed. The second section presents the required 
functionality for resource and admission control. The next 
sections discuss the supported functionality and how it can be 
implemented using SIP, Open Service Access Connectivity 
Manager and Parlay X Web Services Application-driven 
quality of service. 

II. RESOURCE AND ADMISSION CONTROL 
The control functions in NGN are classified in two general 

sets, as shown in Fig.1. The service control functions (SCF) 
are related to the control of services (e.g., functions such as 
user authentication, user identification, service admission 
control, application functions). The transport control functions 
include network attachment control functions and resource 
and admission control functions (RACF). The RACF include 
network admission control, network resource/policy control, 
and dynamic connectivity provision. 

 

Service control functions

RACNetwork 
attachment 

Transport control functions 

Transport functions 

TRC-FE 

PD-FE 

PE-FE TRE-FE 

Rs

Fig.1 Resource and admission control in NGN 

The RACF consists of two types of control functional 
entities: the Policy Decision Functional Entity (PD-FE) and 
the Transport Resource Control Functional Entity (TRC-FE). 

The PD-FE handles the QoS resource request. This request 
may be received from the SCF via the Rs reference point or 
from transport functions. PD-FE checks the QoS resource 
request based on service information, transport network 
information and transport subscription information. This way 
PD-FE makes the final policy decision. The policy decision 
provides sufficient information to make the Policy 
Enforcement Functional Entity (PE-FE) to perform the 
resource control operation.  

The TRC-FE is responsible for transport technology 
dependent resource control. The TRC-FE collects and 
maintains the network information and resource status 
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information. On receipt of the resource request from PD-FE, 
the TRC-FE performs admission control based on the QoS 
and priority requirements received from the PD-FE. The TRC-
FE coordinates the resource requests from PD-FEs and takes 
into account transport dependent policy rules to decide if the 
resource requests can be supported. 

In order to make authorization and resource control 
decision, the PD-FE needs to communicate with SCF via 
reference point Rs. The information exchange requirements 
for the Rs reference point include the following: 
• SCF must be able to request a transaction to be 

performed by the PD-FE and get a response in return. 
• PD-FE must be able to notify the SCF about 

asynchronous events. 
• The SCF must be able to determine capabilities when 

requesting resources and other transport plane functions 
via the PD-FE. 

A SCF shall be able to communicate with multiple PD-FEs 
which might be in different administrative domains. Because 
the control protocol in NGN is SIP, it is important to assess 
the capabilities of SIP to transfer information components for 
resource control request processing.  

III. SIP AND QOS CONTROL MECHANISMS 

The control protocol for setting up, modification and 
release of multimedia sessions in NGN is SIP. The 
capabilities for integration of resource management and SIP 
are considered in RFC 3312. That document defines a generic 
framework for preconditions for establishment of sessions 
initiated by SIP. These preconditions require network resource 
reservation before continuing with the session. The RFC 3313 
defines a SIP extension that can be used to integrate QoS 
admission control with session signaling and help guard 
against denial of service attacks. The use of this extension is 
only applicable when both the SIP proxy authorizing the QoS, 
and the policy control of the network providing the QoS, 
belong to that administrative domain or federation of domains. 

SIP supports the mechanism of INVITE transactions to 
request resource reservation. The ability of SIP to request 
asynchronous notification of events needed for cooperation 
between SIP entities is defined in RFC 3265 The general 
concept is that entities in the network can subscribe to 
resource or call states, and those entities are notified when 
those states change.  

The reservation of network resources frequently requires 
learning the IP address, port, and session parameters from the 
caller. The solution proposed in RFC3212 introduces the 
concept of a precondition as a set of constraints about the 
session which are introduced in the offer. The recipient of the 
request generates a response, but does not alert the user or 
otherwise proceed with session establishment. That only 
occurs when the preconditions are met. This can be known 
through a local event, or through a new offer sent by the 
caller. In order to ensure that session establishment does not 
take place until certain preconditions are met, two different 
state variables that affect a particular media stream are 

distinguished: current status and desired status. The desired 
status consists of a threshold for the current status. Session 
establishment stops until the current status reaches or 
surpasses this threshold. Once this threshold is reached or 
surpassed, session establishment resumes. These two state 
variables define a certain piece of state of a media stream the 
same way the direction attribute or the codecs in use define 
other pieces of state. These two new variables in the same 
way as other Session Description Protocol (SDP) media 
attributes are treated in the request/response model used by 
SIP: they are exchanged between SCF and PD-FE using 
requests and responses in order to have a shared view of the 
status of the session.  

In order to implement the interface in the reference point 
Rs, the SIP signaling has to maintain the corresponding 
information components exchanged across Rs. The 
information components for resource control request 
processing are transmitted within headers of the INVITE 
message and as parts of SDP media description. The QoS 
resource information sub-components for media session 
describe a set of information sub-components for a media 
session, which may be composed of data flows and control 
flows (e.g., RTP and RTCP flows for a VoIP call). The 
information sub-components of the media flow description is 
a set of sub-components of individual media flows or a group 
of media flows within a media session. Both media session 
and media flows descriptions are parts of SDP session 
description. 

The information component used for binding purposes is 
the Authorization token.  The token is requested by the SCF 
and provided in a response by PD-FE. A new P-Media-
Authorization general header field is defined in RFC 3313. 
The P- Media-Authorization header field contains one or more 
media authorization tokens which are to be included in 
subsequent resource reservations for the media flows 
associated with the session, that is, passed to an independent 
resource reservation mechanism.  

The charging correlation information component is optional 
and describes charging ID of the SCF and the network, and 
resource usage information. SIP is not used for transferring 
charging information.  

A variety of indicators are used to request a specific 
resource control action per network event/condition. The SIP 
extensions defined in RFC 3312 allow indication of resource 
reservation mode and indication of the result for a resource 
request. The SIP event framework defines the methods 
SUBSCRIBE and NOTIFY, and introduces the notion of a 
package. A package is a concrete application of the event 
framework to particular class of events. Still no event package 
for transport events is defined. To use SIP for query and 
notification of a transport events it is needed to define event 
package for transport loss events, transport recovery events, 
and transport release events.  

IV. OSA CONNECTIVITY MANAGER API 

NGN network architecture accommodates requesting 
resources through a SCF and through a services platform. 
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Advanced third party applications may be developed by the 
use of standardized application programming interfaces 
(APIs). The APIs provide for external applications access to 
network functionality while hiding specifics of underlying 
network and protocol complexity. 

The Open Service Access (OSA) defines an architecture 
that enables service application developers to make use of 
network functionality through open standardized interface, i.e. 
the OSA APIs and Parlay X Web Services.  

The OSA Connectivity Manager API defines tools for the 
customers (for example administrator of the enterprise 
network) to set up a provisioned QoS service in the provider 
network [1]. The enterprise traffic is carried out through so 
called virtual provisioned pipes (VPrP) established in the 
provider’s network. Each VPrP is defined with pre-specified 
QoS. The enterprise operator can retrieve available VPrP 
templates, complete the template selecting a value for delay, 
loss, jitter and excess traffic treatment action and submit it to 
the network provider. The operator creates a new VPrP with 
pending status that holds the selection. The network provider 
responds after validating request with approval or denial. If 
the provider approves the service, the operator may send 
packets with already negotiated QoS characteristics. It is not 
possible to request QoS reporting, monitoring and evaluation 
of delivered QoS. QoS data statistic outputs are the important 
proof to evaluate and improve service levels negotiated 
between client and network provider. 

V. PARLAY X APPLICATION-DRIVEN QOS 

Another technology that provides open access to QoS 
management is Parlay X Web Services. Parlay X Web 
Services interface for Application-driven QoS is defined in 
[2]. The Application-driven quality of service allows 
applications to govern the QoS available to the end user by 
requesting that pre-defined QoS feature profiles are applied on 
the end user’s connection. It is the responsibility of the service 
provider to define these QoS features and share them 
beforehand with application providers, along with a clear 
indication as to which of these can be used as temporary QoS 
features and which can be used to set the default QoS on an 
end user connection. Specific QoS in NGN may be requested 
by external application. Parlay X Web Services interface for 
application-driven quality of service enables applications to 
govern quality of service (e.g. bandwidth) available on end 
user network connections.  

The ApplicationQoS interface provides methods for: 
• Applying a new QoS feature to an end user connection. It 

is dоne either rapidly provisioning a re-grade, which 
results in a permanent change in the class of service 
provided over the end user connection, or dynamically 
controlling temporary QoS features in the network which 
will be active for a specified period of time. 

• Modifying an active temporary QoS Feature on an end 
user connection. 

• Self-care like operations. 

The methods provided by the ApplicationQoS interface 
allow third party applications to send resource initiation 
request and receive resource initiation response, to request 
resource modification and receive confirmations that resource 
modification request has been received and indicate result, as 
requested in [2].  

The ApplicationQoSNotificationManager interface is used 
by the Applications to manage their registration for 
notifications. The ApplicationQoSNotification interface 
provides the methods for notifying the Application about the 
impact of certain events on QoS features that were active on 
the end user connection when these events occurred. Using 
the methods defined, third party Web Services compliant 
applications can receive notifications for transport resource 
events, to request a specific resource control action (e.g., 
retrieving the resource information) for an established session, 
and to confirm that the request for the specific action has been 
received and to provide the requested service information. 

A possible deployment scenario for Parlay X Web Services 
is shown in Fig.2. The application using Parlay X 
Application-driven QoS utilize Web Services to discover and 
interact with the network, and will not have visibility to the 
implementation behind the Parlay X Web Services Gateway. 
The Parlay X Web Services Gateway attaches to the Network 
Element through an interface defined by the Network 
Element. In the IP-based multimedia subsystem of NGN, this 
network element is Serving-Call Session Control Function (S-
CSCF) and it ‘talks’ SIP. The S-CSCF plays a role of SCF. 
The PD-FE is built in Proxy-CSCF (P-CSCF) which also 
‘talks’ SIP. Fig.3 and Fig.4 illustrate the way Web Services 
compliant applications using Application-driven QoS 
interface can be deployed in SIP-based network. 

Application 

Parlay X Web 
Services Gateway

Network Element

Parlay X interfaces

Element defined interface 

 
Fig.2 Deployment scenario for Parlay X Web Services 

Fig.3 shows the interaction where the third party 
application requests applying specific QoS feature and 
receives responses, requests temporary modifications of QoS 
feature and receives acknowledgments. 
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Fig.3 Applying a new QoS feature to the service 

Fig.4 illustrates receiving notifications from the service. 
Notifications are unsolicited. The Application will indicate 
their interest in receiving notifications by registering for 
events. When an event occurs in the network that merits a 
notification to be raised, interested Applications will receive a 
notification and its implications on the temporary QoS 
features active on the end user connection. 

 
Fig.4 Receiving notifications from the service 

The QoS events supported by Parlay X Application-driven 
QoS do not include transport recovery events and transport 
release events. The application can be informed that the end 
user connection is terminated abnormally because of a fault in 
the network causing all the temporary QoS features that were 
active on the connection to be released as well. 

Parlay X Web Services might be seen as a higher layer of 
abstraction of Parlay/OSA. 3rd party applications that will 
derive added value from combining different network 
functions using Parlay/OSA API will not be able to access 
quality of service control functions in the same way. Further, 
Web services are currently a good solution to integrate 
existing heterogeneous applications and a new way to access 
to the Web, but they still have some open problems like: the 
lack of a common standard framework for security, absence of 

warranties about the adequacy of service repositories, and 
slow performances with current synchronous protocol 
invocations. 

:Application 
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VI. CONCLUSIONS 

The key function in NGN with the main responsibility for 
the session management and service provision is S-CSCF 
which in the role of SCF makes requests for transport 
resources and may receive notifications when resources are 
reserved and released. The P-CSCF is the first contact point 
for users within the IMS and it has four unique tasks assigned 
to the P-CSCF: SIP compression, IP security association, 
interaction with the PD-FE and emergency session detection. 
Both entities are able to release sessions on behalf of the user 
(e.g., when the S-CSCF detects a hanging session or the P-
CSCF receives a notification that a media bearer is lost) and 
are able to check the content of SDP payload and to check 
whether it contains media types or codecs that are not allowed 
for a user. The protocol supported is SIP. The analysis shows 
that some additions to SIP might be required to cope with 
resource and admission control.  

The common service framework for multimedia services in 
NGN defines open access to network functions through 
standardized interfaces. The OSA Connectivity Manager API 
provides functions for QoS management but it does not 
support access to all network functions concerning resource 
management. The Parlay X Web Services Application-driven 
quality of service allows third party applications to request 
application specific QoS and to monitor the delivered QoS. 
Web services are currently a good solution to integrate 
existing heterogeneous applications including QoS 
management and a way to access to the Web, but they are not 
mature yet for a widespread deployment because they still 
have some open problems.  
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Store 
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notifyQoSEventRequest 

startQoSNotification
Request 

200 OK 
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stopQoSNotification
Request SUBSCRIBE(expires:0)

200 OK stopQoSNotification
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However the development of API providing access to 
application specific QoS management would allow creation of 
advanced application capable to manage telecommunication 
resources in support of end-to-end quality of service. 
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Third Party Control in SIP Conferencing 
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Abstract – The paper investigates capabilities of integrating 

third party applications control in control SIP (Session Initiation 
Protocol) conferencing. The capabilities of OSA (Open service 
access) application programming interface for conference call 
control are studied to identify which of the requirements for 
tightly coupled SIP conferences are met. Suggestion is made 
about new methods of OSA conference call control interfaces to 
support SIP conferencing requirements. 

Keywords – IP-Multimedia Subsystem, Session Initiation 
Protocol, Open service Access, Conference call control 

I. INTRODUCTION 

The IP- Multimedia Subsystem (IMS) of Next Generation 
Networks supports all kind of value-added services. In order 
to be able to implement future applications/end user services 
that are not yet known today, a highly flexible framework for 
services is required. Open Service Access (OSA) enables 
applications implementing the services to make use of 
network functionality through application programming 
interfaces (API). OSA provides the glue between applications 
and network functionality. In this way applications 
implementing the services become independent from the 
underlying network technology. 

IMS services can reside either in the user's home network 
or in a third party location and are based on Session Initiation 
Protocol (SIP) [1]. The main components of the IMS, 
involved in SIP signaling, are the Call Session Control 
Functions (CSCF) [2]. The SIP servers with functionality of 
Call Session Control Functions perform a number of functions 
such as multimedia session control and address translation 
function. The Call Session Control Functions cooperates with 
Application Servers via the IP multimedia service control 
interface. The Application Servers where IMS services reside 
in might be: 
• SIP Application Server which may influence and impact 

on the SIP session on behalf of the end systems, 
depending on the services. 

• Intelligent network Application Server; the purpose of 
which is to host the Customized Applications for Mobile 
network Enhanced Logic (CAMEL) network 

• OSA service capability server (OSA SCS) - which offers 
access to the IMS for the OSA Application Server in a 
standardized way for third parties. 

• OSA Application Server which provides the service 
logic execution environment for client applications using 
the OSA API.  
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Fig.1 shows the value-added service architecture over IMS. 
 

 
Fig.1 IMS service architecture  
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The OSA offers four standardized interfaces for call 
control. The Generic Call Control API defines simple call 
control interface which allows only setup of traditional two-
party telephone calls [3]. The Multiparty Call Control API 
allows control of calls with zero or more parties and 
distinguishes between the call and its connections [4]. The 
Multimedia Call Control API deals with multimedia 
connections between parties [5]. The Conference Call Control 
API is for control of multimedia calls in which there exists the 
possibility of defining additional relationships between the 
parties [6]. The mapping of OSA Multiparty Call Control API 
onto SIP signaling is provided in [7]. There is no mapping 
between Multimedia Call Control API and Conference Call 
Control API onto SIP signaling. 

In this paper we investigate the capabilities of OSA 
Conference Call Control API to support SIP conferencing. 
Considering high level requirements for tightly coupled SIP 
conferencing [8] we identify the way SIP conferencing 
requirements are supported by OSA and suggest extensions of 
Conference Call Control API for SIP conferencing 
requirements which are not supported. 

II. SIP CONFERENCE FRAMEWORK 

A tightly coupled SIP conference [9] is an association of 
SIP user agents (conference participants) with a central point, 
conference focus. The conference focus is a logical role and 
applies conference policy. The focus can be implemented 
either by a participant or by a separate application server. A 
dedicated conference server, in addition to the basic features, 
offers richer functionality including simultaneous 
conferences, large scalable conferences, reserved conferences, 
and managed conferences. A conferencing server can support 
any subset of the advanced conferencing functions. The 
conference URI is a SIP URI that identifies the focus of the 
conference.  
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The media graph of a SIP conference can be centralized, 
decentralized, or any combination of both, and potentially 
differ per media type. In the centralized case, the media 
sessions are established between the focus and each one of the 
participants. In the de-centralized case, the media graph is a 
mesh among the participants. The media processing can be 
performed either by the focus alone or by the participants. 

A side-bar (subconference) is a conversation amongst a 
subset of the participants to which the remaining participants 
are not privy.  

In case of OSA control of SIP conferences the conference 
focus is integrated with Conference Call Control Service 
Capability Feature (SCF). The SCF is abstraction of network 
functionality and is provided by Service Capability Server. 

 
 
Fig.2 shows a possible physical realization of basic 

functions. This is the classic “one box” solution where along 
with the focus functions are also implemented mixing 
functions. The mixer receives a set of media streams of the 
same type, and combines their media in a type-specific 
manner, redistributing the result to each participant. This 
includes media transported using RTP.  

III. OSA CONFERENCE CALL CONTROL API 

Most of the OSA interfaces follow a common structure.  
The Conference Call Control API provides three interfaces 

at network side. The IpConfCallControlManager interface is 
the factory interface for creating conferences. The IpConfCall 
interface manages subconferences (side-bars). The 
IpSubConfCall interface provides grouping mechanism within 
conference. 

There are also three interfaces at application side. The 
IpAppConfCallControlManager interface provides application 
with additional callbacks when a conference is created by the 
network. The IpAppConfCall interface allows applications to 
handle call responses and state reports. The IpAppSubConf-
Call interface allows applications to handle call responses and 
state reports form a subconference. 

In the next section we provide a study on OSA Conference 
Call Control API’s support of SIP conferencing requirements, 
as shown in fig.2. 

IV. OSA CONFERENCE CALL CONTROL AND SIP 
CONFERENCING REQUIREMENTS 

A. Discovery phase 

The discovery phase allow to reveal a location of SIP 
conferencing server, to determine if a referred SIP entity has 
focus capabilities and to obtain conference characteristics 
based on conference ID. In case of implementation shown in 
Fig.2, these requirements can be met by configuration means 
or by using proprietary conventions. 

B. Conference creation 

The OSA application can create a pre-arranged conference 
by invoking ‘createConference()’ method of IpConfCall-
ControlManager interface. The Conference Call Control API 
provides methods for resource reservation and resource 
release to support pre-arranged conferences.  

OSA API 

OSA Conference applications 

SIP conference focus 

Conference Call 
Control SCF SIP 

dialog 

Mixer  

SIP 
dialog 

RTP 
streams 

RTP 
streams 

SIP conferencing Service 
Capability Server 

User 
agent 

User 
agent 

Fig.2 SIP conferencing OSA control architecture 

C. Conference termination 

The IpConfCall interfaces inherits from IpMultiPartyCall 
interface its ‘release()’ method which requests the release of 
conference call object and associated objects. The OSA 
Conference Call Control API does not provide means for 
requesting a focus to revert a two-party conference to a basic 
SIP point-to-point session. A method of IpConfCall interfaces 
may be defined to request such transformation including the 
release of the associated conferencing resources.

D. Participant’s manipulation 

The OSA application can request from the conference focus 
to invite or to disconnect a participant by invoking ‘create-
AndRouteLegReq()’ method and ‘release()’ method of IpSub-
ConfCall interface inherited from IpMultiMediaCall interface.  

The IpAppConfCall interface allows the application to 
handle parties entering and leaving the conference. Its method 
‘partyJoined()’ indicates that a new party has joined the 
conference. This can be used in case the application 
implements conference policy to allow or reject a new 
participant. By invoking ‘leaveMonitorReq()’ method the 
application can request a notification when a party leaves the 
conference. The ‘leaveMonitorRes()’ method invoked on 
application indicates that a party has left the conference. 

The OSA application can invite a user agent or a list of user 
agents to a particular active conference. Fig.3 shows an 
example of requesting a focus to add a new resource to a 
conference.  

A conference participant can join the conference 
anonymously by announcing its presence but without 
disclosing identity. A so called passive participant can join a 
conference in a “hidden mode”, without disclosure of 
presence. The OSA allows anonymous participation no means 
are available for application to distinguish anonymous and 
hidden modes.
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Fig.3 Requesting a Focus to Add a New Resource to a Conference 
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E. Conference state information 

The conference state describes the conference in progress. 
This includes different conference aspects: participants' 
information (such as dialog identifiers and state), media 
sessions in progress (such as current stream contributing 
sources and encoding schemes), the current loudest speaker, 
the current chair, etc. Conference state is the latest conference 
snapshot triggered by changes in participants' state, 
conference policy changes, etc. 

The list of conference participants can be received by OSA 
application by invoking ‘getCallLegs()’ method of IpConfCall 
interface inherited from IpMultiMediaCall interface. The 
application can invoke ‘getConferenceAddress()’ to receive 
address with which the conference can be addressed. 

The application can register its interest in (selected) 
conference state changes including events like party joining 
and party leaving the conference.  

The application uses createNotification() method to enable 
call notifications so that events can be sent. This is the first 
step an application has to do to get initial notifications of 
conference calls happening in the network. For example, 
when a user agent refers to a conference focus requesting a 
focus to invite another user agent to an active conference (see 
Fig.3), the application can be notified by invoking its 
‘reportNotification()’ method. 

To set, clear or change the criteria for the events concerning 
a particular participant in the conference, the application uses 
‘eventReportReq()’ method of IpCallLeg interface. Reports 
that an event has occurred that was requested to be reported 

(for example an invited participant answers) are sent to 
application by invoking ‘eventReportRes()’ method of 
IpAppCallLeg interface. 

If it is authorized, the OSA application can changed the 
conference policy in an ongoing conference by calling 
‘changeConferencePolicy()’ method of IpSubConfCall 
interface. The OSA Conference Call Control API does not 
provide means for notifications when conference policy has 
changed. A ‘confPolicyChanged()’ method of IpAppConfCall 
interface might be defined for this purpose.  

The SIP conference requests mean to express the minimum 
interval between receiving state change reports. To allow 
applications to specify the minimum state changes reporting 
interval a ‘minReportingInterval()’ method of IpConfCall-
ControlManager interface might be defined. 

Reserved conferences and ad hoc conferences may have a 
time limit. The conferencing system must inform timely 
participants when the limit is approaching and may allow the 
extension of the conference duration.  

F. Focus role migration 

OSA Conference call Control API does not provide means 
for delegating focus role by the current focus to another 
participant. It is not possible for applications to request a 
conference focus to transfer its role to different participant.  

G. Side-bar conferencing 

The application can create a new side-bar by invoking 
‘createSubConference()’ method of IpConfCall interface. 
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IpSubConfCall interface provides methods for additional 
grouping within a conference. Participants (conference call 
legs) that are in the same side-bar have speech connection 
with each other. The application can create a new side-bar and 
move some participants to it by invoking ‘splitSub-
Conference()’ method. To merge two side-bars the application 
uses ‘mergeSubConference()’ method. The application 
invokes ‘moveCallleg()’ method to move a participant from 
one side-bar to another side bar. 

OSA Conference Call Control API does not provide means 
for reporting that a new side-bar is created. A 
‘subConferenceCreated()’ method of IpAppConfCall interface 
might be defined.

V. OSA SUPPORT IN FLOOR CONTROL 

Floor control enables applications or users to gain safe and 
mutually exclusive or non-exclusive input access to the shared 
object or resource. The floor is an individual temporary access 
or manipulation permission for a specific shared resource (or 
group of resources) [10]. Floor control is an optional feature 
for conferencing applications. SIP conferencing applications 
may also decide not to support this feature at all. Floor control 
may be used together with the conference policy control 
protocol or it may be used as an independent stand-alone 
protocol, e.g. with SIP. 

Conference owner is a privileged user who controls the 
conference, creates floors, and assigns and deassigns floor 
chairs. The conference owner does not have to be a member in 
a conference. The OSA application in a role of conference 
owner can indicate which participant in the conference is the 
chair by invoking ‘chairSelection()’ method of IpSubConfCall 
interface. To inform the application about the chair selection 
requests from the network, ‘chairSelection()’ method of 
IpAppSubConfCall interface is used, and then the application  
can grant the requested. 

Floor chair is a user (or an entity) who manages one floor 
(grants, denies, or revokes floor). The floor chair does not 
have to be a member in a conference. The OSA application in 
a role of floor chair is informed about the floor requests from 
the network by calling ‘floorRequest()’ method of IpAppSub-
ConfCall interface. The application can grant the request by 
invoking the ‘chairSelection()’ method of IpSubConfCall 
interface. Using ‘appointSpeaker()’ method of IpSubConfCall 
interface, the application can indicate which of the 
participants in the conference has the floor, and the video of 
the speaker will be broadcast to the other parties. The 
application can call ‘inspectVideo()’ method of 
IpSubConfCall interface to select which video should be sent 
to the party that is currently selected as the chair. To cancel a 
previous ‘inspectVideo()’, the application calls 
‘inspectVideoCancel()’ method, and then the chair will 
receive the broadcasted video. 

VI. CONCLUSION 

Research presented in this article shows that OSA 
Conference Call Control API supports most of the 

requirements for SIP conferencing. Using the API, OSA 
application can create and managed conferences, and group 
participants in sub-conferences. Still there are some SIP 
conferencing requirements that are not supported by OSA. 
Examples include lack of means to inform the application that 
conference policy has been changed, that sub-conference has 
been created, or about approach of conference time limit. 
There are no means in OSA to define minimum interval 
between changes report which prevents application from 
overload, and it is not possible to request hidden mode 
participation. 

While the SIP based Application Server only runs services 
under some form of control by the IMS operator, the OSA 
Application Server integrates the screening functions of the 
OSA service capability server and offers the OSA interface to 
the OSA application server running third party applications. 
The standardized, extensible and scalable OSA interface 
allows for inclusion of new functionality in the network with a 
minimum impact on the applications using the OSA interface. 
This provides application developers with a power tool in 
designing new attractive multimedia services. 
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SIP Conference Policy Formalism  
Ivaylo I. Atanasov, Pavlina H. Koleva and Evelina N. Pencheva 

 
Abstract - The Session Initiation Protocol (SIP) supports the 

initiation, modification, and termination of multimedia 
conferences with multiple participants. The paper presents a 
formal description of a SIP conference policy based on the 
framework for conferencing with SIP. The requirements for 
tightly coupled conferences and requirements for floor control 
are considered. The formal description includes conference 
information about settings, conference time, participants, and 
rules for floor control. The formal description may be used in 
implementation of conference policy server. 

Keywords –Session Initiation Protocol, multimedia conference, 
conference policy 

I. INTRODUCTION 

The Session Initiation Protocol (SIP) supports 
establishment, maintenance and termination of multimedia 
sessions including multi-party conferences. SIP supports 
various multi-party conferencing models [1] including loosely 
coupled model and tightly coupled model. A loosely coupled 
conference is a conference without coordinated signaling 
relationships amongst participants. Loosely coupled 
conferences frequently use multicast for distribution of 
conference memberships. A tightly coupled conference is a 
conference in which a single user agent, referred to as focus, 
maintains the dialog with each participant.  The focus plays 
the role of the centralized manager of the conference, and is 
addressed by a conference URI. Conference policy is a 
complete set of rules governing particular conference. The 
rules can be simple, such as an access list that defines the set 
of allowed participants in a conference.  The rules can also be 
complex, specifying time-of-day-based rules on participation, 
conditional on the presence of other participants, etc.  There is 
no restriction on the type of rules that can be encapsulated in a 
conference policy. The conference policy can be manipulated 
using web applications or voice applications.  It can also be 
manipulated with non-SIP-specific standard or proprietary 
protocols. The conference policy server interfaces policy 
control protocol to the conference policy. Some of the aspects 
of Conference Policy Control Protocol are described in [2]. 
The logical function of the conference policy server is to store 
and manipulate the conference policy. The implementation of 
the conference policy server requires formal description of 
conference policy. 

In this paper we present an approach to formal description 
of conference policy based on the framework for conferencing 
with SIP. 

Ivaylo I. Atanasov, Pavlina H. Koleva and Evelina N. Pencheva 
are with the Faculty of Telecommunications, Technical University of 
Sofia, Kliment Ohridski 8, 1000 Sofia, Bulgaria, E-mail: iia@tu-
sofia.bg, p_koleva@tu-sofia.bg, enp@tu-sofia.bg 

We consider the high-level requirements for tightly coupled 
SIP conferencing defined in [3] and SIP conference event 
package defined in [4]. The floor control policy is a part of 
conference policy and the requirements for floor control 
protocol are defined in [5]. We examine the specifications of 
Binary Floor Control Protocol (BFCP) [6] in floor control 
policy formalism. To formalize the media processing in 
tightly coupled conferences we use the media policy 
manipulation model defined in [7]. The formal description is 
in Augment Backus-Naur Form (ABNF) [8]. 

II. FORMAL DESCRIPTION OF SIP CONFERENCES 

In SIP, a conference is an instance of a multi-party 
conversation.  Within the context of the paper, a conference is 
always a tightly coupled conference with centralized control. 
The focus is a SIP user agent that maintains a SIP signaling 
relationship with each participant in the conference. 

The SIP conference has conference owner who is a 
privileged user controlling the conference. The conference 
owner possesses special privileges to create floors, to assign 
and to deassign floor chairs and does not have to be a member 
in the conference. Typically, the conference owner specifies 
the conference policy and is identified by SIP Uniform 
Resource Identifier (URI). 

Conference information includes informative parameters 
which may be helpful in describing the purpose of a 
conference, e.g. for search purposes or for providing host 
contact information. The conference information must specify 
the language used. The conference may have a subject which 
describes the current topic in a conference. The free text and 
the keywords provide additional textual information about the 
conference. This information can be made available to 
potential conference participants by non-SIP means. Examples 
of usage could be searching for a conference based on some 
keywords. The web page points to a URI where information 
about the conference can be found. 

The conference identifier is a URI, usually a SIP URI that 
identifies the focus of a conference.  The conference may 
occur for a limited period of time (i.e. bounded), or the 
conference may be unbounded (i.e. it does not have a 
specified end time). Bounded conferences may occur multiple 
times (e.g. on weekly basis). The information related to 
conference time and lifetime contains one or more conference 
occurrence elements, each defining the time information of a 
single conference occurrence. Multiple conference occurrence 
elements may be used if a conference is active at multiple 
irregularly spaced times. For each occurrence, the start-time 
specifies when a conference starts, and the stop-time specifies 
the time a conference stops. As to [2], if the start-time is not 
present, it indicates that the conference starts immediately. If 
the stop-time is set to zero, then conference occurrence is not 
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bounded, i.e. permanent, though it will not become active 
until the start-time. 

The conference policy contains a set of parameters and 
rules (e.g., maximum number of participants, needs chair-
person supervision or not, password protected or not, duration 
or a way of media mixing) that are defined at the onset of a 
conference. The conference may have a default policy or a 
policy specified by the conference owner. The conference 
may be chaired or free. In a chaired conference the application 
or one of the participants acting as chair has special privileges, 
e.g. can control the video distribution. If the conference is 
chaired the conference policy must define the floor control 
policy and the media control policy. 

The conference policy may define a list of users who may 
dial-in the conference and become participants. Following the 
conference policy the focus may invite to the conference other 
user agents defined in the dial-out list. 

A participant in a conference is any SIP user agent that has 
a dialog with the focus.  This SIP user agent can be a PC 
application, a SIP hardphone, or a PSTN gateway.  A 
conference-unaware participant is a participant that is not 
aware that it is actually in a conference. Conference-unaware 
participants have access to a good deal of functionality. They 
can join and leave conferences using SIP, and obtain more 
advanced features through stimulus signaling, as discussed in 
[1].  However, if the participant wishes to explicitly control 
aspects of the conference using functional signaling protocols, 
the participant must be conference-aware. 

A conference-aware participant is a participant in a 
conference that has learned, through automated means that it 
is in a conference. A conference-aware participant can use the 
conference notification service. 

The media type specifies the media that are allowed to be 
used by the participants. E.g. this can be used to limit the 
conference to audio only, even when all participants support 
video. The conference participant may be allowed to use one 
or more media types. The user participation may be time of 
day based or conditional on presence of other participants.  

Fig.1 shows the approach to formal description of SIP 
conference policy. 

The privilege information is mandatory for a user and the 
next section considers possible privileges. 

III. PRIVILEGES IN A CONFERENCE 

Advanced privilege models can be applied in conferencing 
context. SIP events framework defines general mechanisms 
for subscribing to, and receiving notifications of, events 
within SIP networks. It introduces the notion of a package, 
which is a specific "instantiation" of the events framework for 
a well-defined set of events. The conference event package [5] 
allows a user to subscribe to a conference. The focus has 
sufficient information about the state of the conference to 
inform subscribers about it.  

The conference state is a virtual data base describing the 
conference in progress. This includes different conference 

aspects: participants’ information, media sessions in progress, 
the current loudest speaker, the current chair, etc.  

conference = "conference=(" conference-owner conference-policy 
conference-info conference-settings ")" 

conference-owner = "conf-own=" SP URI CRLF 
conference-info =language SP [subject] SP [free-text] SP 

[keywords] SP [web-page] CRLF 
conference-settings =conference-ID SP conference-time CRLF 
conference-ID = SIP-URI 
conference-time =1*conference-occurrence 
conference-occurrence =start-time SP stop-time SP 
conference-policy = default-policy / specified-policy 
specified-policy ="(" max-participants SP chaired SP password 

CRLF [dial-in-list CRLF]  [dial-out-list CRLF]  [floor-control-
policy CRLF] [media-control-policy] ")" CRLF 

chaired = "chaired=" right  
right = "true" / "false" 
password = "password=" string  
dial-in-list = "dial-in=(" 1*(conference-aware SP) ")" 
dial-out-list = "dial-out=(" 1*(conference-unaware SP / conference-

aware SP) ")" 
conference-unaware = "conf-unaware=(" SIP-URI  ")" SP media-

allowed ")" SP participation SP privileges ")" 
conference-aware = "conf-aware=(" SIP-URI SP media-allowed SP 

participation CRLF [isfocus] conference-ID SP password  
CRLF privileges CRLF ")" 

isfocus = "isfocus "  
media-allowed  = "media-allowed=(" 1*(media-type SP )")" 
media-type = "audio" / "video" / "application" / "data" / "control" / 

"message" / "text"  
participation = "participation=" "default" / ([time-based] SP 

[conditional] ) 
time-based = "time-based=(" start-time stop-time ")" 
conditional = "condition=" 1*user-URI “)” 
SP = " "  

Fig.1 An approach to SIP conference policy formal description 

Each user element has zero or one "status" elements, 
indicating their status in the conference, zero or one "dialog" 
elements, indicating their dialog information, and zero or one 
"media-streams" elements, indicating their media reception 
information. The status element contains the status of the user 
in the conference. The following statuses are defined:  active - 
the user is in an active dialog with the focus; departed: the 
user sent a BYE, thus leaving the conference; booted: the user 
was sent a BYE by the conference host, booting them out of 
the conference; failed: the server tried to bring the user into 
the conference, but its attempt to contact the specific user 
resulted in a non-200 class final response.  

The dialog element is presented from the viewpoint of the 
focus. The value of the "media-streams" element is an 
identifier, unique within the conference, which identifies the 
media stream that a user is connected to. The "media-stream" 
element also has a mandatory "media-type" attribute which 
identifies the media type (audio, video, message, text, data, 
control and application) of the media stream. 

In addition to events defined in [7], the conference state 
needs to provide information about the current speaker, current 
chair and current focus referred with user URI. The current 
focus may delegate its focus role to another participant. The 
conference state has a modular definition and it is possible to 
access different conference aspects independently. 
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A user agent may invite another user agent or a list of user 
agents to the conference. A user agent may remove a 
participant or all participants from the conference.  

The conference policy may define the announcement 
mechanism. If the announcement application is allowed to 
play an announcement to all the conference members (for 
example, to announce a join), it merely sends media to the 
mixer as would any other participant. Similarly, the 
announcement application can play an announcement to a 
specific user by configuring the conference 

privileges = "privileges=(" 1*(privilege CRLF) ")" CRLF 
privilege =conference-state / participant-manipulation / 

announcement / privacy / authentication / authorization / 
conference-policy-change / media- control-policy-change / 
floor-control-policy-change / subconference-participation / 
subconference-manipulation / floor-attribute-control 

conference-state = "conf-state=(" 0*user-status CRLF 0*dialog-ID 
CRLF 0*(media-streams SP) CRLF current-speaker SP 
current-chair  SP current-focus ")" CRLF 

user-status = "user-status=" ("active" / "departed" / "booted" / "failed"
media-stream = "media-stream= " media-ID SP media-type SP 
participant-manipulation =add-participant SP remove-participant SP 
add-participant = "add-participant=(" *(user-URI SP)  ")" 
announcement = "announce-to=" *( user-URI SP) "media-

announce:" media-type  
privacy = "privacy=" (" false" / "anonymous" / "hidden") 
authentication = " authentication=" right 
authorization = " authorization= " right 
conference-policy-change = "conf-policy-change=" right 
media-control-policy-change = "media-policy-change=" right 
floor-control-policy-change = "floor-policy-change=" right 
subconference-manipulation = 1*(sub-conf-operation SP) CRLF 
sub-conf-operation = create-subconference / merge-subconferences 

/ split-subconferences / move-participant / join-subconference / 
invite-subconference 

create-subconference = "create-subconf=:" right 
merge-subconferences = "merge-subconf=" right 1*(subconference-

ID SP)

policy so that the 
m

t without identity disclosure. A conference 
pa

he participant may 
w

ants are not privy. The conference policy 
de

rticipants, to split or to merge 
sub-conferences. 

Fig  of 
privileges in a SIP conference.  

Th

ble to get 
an

conference. The Floor ID identifies uniquely a floor within a 
conference. The Floor Request ID identifies a floor request at 
the floor control server. The Request Status contains the status 

edia it generates is only heard by the target user. The 
application then generates the desired announcement, and it 
will be heard only by the selected recipient. 

The conference policy may also define participants’ 
privacy, It may be possible for a conference participant to join 
the conference “anonymously” that is, the presence is 
announced bu

rticipant may join a conference in a “hidden mode” without 
disclosure of the presence and the identity to the other 
participants.  

Authentication and authorization are another kind of 
privileges. A participant may authenticate other participants in 
order to allow them to join the conference. This can be done 
implicitly by assigning a password to the conference or to 
each participant. During the conference, t

ant to give a privilege to another participant. The assigning 
of privileges may be implicit when requested or explicit by 
asking the participant to grant a privilege.  

A sidebar (sub-conference) appears to the users within the 
sidebar as a "conference within the conference". It is a 
conversation amongst a subset of the participants to which the 
remaining particip

fines the user agent right to create and participate in a sub-
conference with one or more pa

.2 shows the approach to formal description

IV. FLOOR CONTROL POLICY FORMALISM 

The floor is a permission to access or manipulate a specific 
shared resource or set of resources temporarily. The 
conference owner creates floors, and assigns and deassigns 
floor chairs. The floor chair is a user (or an entity) who 
manages one floor (grants, denies, or revokes a floor). The 
floor chair does not have to be a   member in a conference. 

e floor control policy describes the mechanism that enables 
applications or users to gain safe and mutually exclusive or 
non-exclusive input access to the shared object or resource. 

Conference participants and floor chairs may be a
d set floor-related parameters.  The conference policy may 

restrict who may access or alter which parameters. The floor-
related parameters defined [6] are described below.  

The Beneficiary ID identifies uniquely a user within a 

 
Fig.2 An approach to formal description of participants’ privileges 

of the request. The Supported Attributes contain the types of 
the attributes that are supported by the floor control server. 
The Supported Primitives contain the types of the BFCP 
messages that are supported by the floor control server.  The 
User Display Name contains the encoded name of the user. 
The User URI contains the user's contact URI, that is, the URI 
used by the user to set up the resources (e.g., media streams) 
that are controlled by BFCP. The Extension Attribute refers to 
attributes that may be defined in the future. 

The conference policy defines whether floor control is in 
use or not. It is possible to define the algorithm to be used in 
granting the floor. Examples of algorithms are moderator-
controlled, first-come-first-served (FCFS), or random. It must 
be possible to use an automated floor policy where the floor 
control server decides autonomously about granting and 
rejecting floor requests as well as revoking the floor. It is also 
possible to use a chair-controlled floor policy in which the 
floor control server notifies the floor chair and waits for the 
chair to make a decision.  

During the conference, the participant may be able to 
manage whose media is being sent to each participant. For 
example, the participant may be able to decide that he wants 
to be a speaker and all the rest to be listeners; he may also 
specify whose media he wants to receive. Fig.3 shows an 
approach to formal definition of floor control policy and 
media control policy.  

V. MEDIA CONTROL POLICY FORMALISM 

A media topology graph is a loop-free graph which consists 
of individual media streams, logical groups of media streams, 
and functions or "operations" performed on those streams [7]. 
Within the media topology graph, each stream is described by  
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Fig.3 An approach to formal description of floor control policy 

and media control policy  

a media type, direction and at least one identifier. Stream 
identifiers can be network identifiers or aliases. Network 
identifiers consist of an address family (IPv4 or IPv6), an IP 
address, and a port number. Media groups have a media type, 
a direction and a bundle. Bundles represent a set of 
individually tagged logical streams. Operators are basic 
elements that perform simple media operations. They select 
among media streams, combine streams, or perform other 
media processing. 

VI. GRAMMAR VERIFICATION 

We have verified the syntax of the formal grammar of 
conference policy description by the use of available ABNF 
parser generator [9]. Such a parser generator has at its input 
the formal conference policy description and generates, if 
correct ABNF rules are presented, the corresponding code of 
the parser which follows the grammar rules. When a textual 
description written according the conference policy grammar 
is passed to the generated parser, it checks the syntax of the 
description. Fig.4 gives an example of formal description of 
conference participant with focus capabilities that has 
privileges to add and remove two other participants. The 
focus URI is sip:ivan@tu-sofia.bg and the media allowed is 
audio and video. The focus participation is protected by 
password 99ABCD34. 

 
Fig.4 An example of formal description of conference focus 

VII. CONCLUSION 

The formal description of conference policy grammar may 
be used in implementation of the Conference Policy server 
functionality which manages creation and deletion of 
conferences, authorization, conference longevity, and the 
media layout or topology.  

There are available ABNF parser generators which can be 
used in accelerating the implementation phase of policy 
interpretation. The conference policy formal grammar is 
interpreted by such ABNF parser and the code generated can 
be complied and linked into the Conference Policy server. The 
Conference Policy server interprets the conference 
configuration files and applies a unified policy description 
grammar structure available for usage to the conference 
owners. Upon getting decisions about different conference 
instances, most probably owned by different owners, common 
policy structure is read, but having different policies' values. 

ACKNOWLEDGEMENT 

conf-aware=(sip:ivan@tu-sofia.bg media-allowed=(audio video) 
participation=default isfocus conf-ID= sip:ivan@tu-sofia.bg 
password=99ABCD34 
privileges= 
(add-participant=(sip:ani@tu-sofia.bg sip:neli@tu-sofia.bg ) 
remove-participant= (sip:ani@tu-sofia.bg sip:neli@tu-sofia.bg ) ))

floor-control-policy = "floor-ctrl-policy=(" floor-attribute-control SP 
floor-control-algorithm ")" CRLF 

floor-attribute-control = "floor-attr-ctrl=" access alter  
access = "access=(" *(floor-attribute SP) ")" CRLF 
floor-attribute = "floor-attr=" floor-request-information / floor-ID / floor-

requested-ID / error-code / error-info / supported-attributes / 
supported-primitives  

floor-request-information = "floor-request-info=(" overall-request-
status  SP 1*(floor-request-status  SP) beneficiary-information 
SP requested-by-information SP priority SP  participant-
provided-info  SP *(extension-attribute SP) ")" CRLF 

overall-request-status = "overall-request-status=(" request-status  SP 
status-info SP 0*(extension-attribute SP) ")" CRLF 

floor-request-status: = "floor-request-status=(" request-status SP 
status-info SP 0*(extension-attribute SP) ")" CRLF 

beneficiary-information = "beneficiary-info=(" beneficiary-ID SP user-
display-name SP user-URI ")" CRLF 

requested-by-information: = "requested-by=(" user-display-name  SP 
user-URI SP 0*(extension-attribute SP) ")" CRLF 

floor-control-algorithm = "floor-ctrl-algorithm=" "moderator-controlled" 
/ "FCFS" / "random"  

media-topology-graph = "media-topology-graph=("  "(" 1*( media-
streams SP) ")" CRLF  "(" 1*(media-group SP) ")" CRLF "(" 
1*(media-operation SP)  ")"  ")" CRLF 

media-stream = "media-stream=" media-type SP direction SP media-
id CRLF 

direction = "dir=" "in" / "out" 
media-group = "media-group=(" media-type direction SP bundle SP 

")" CRLF 
bundle = "bundle=" "(" 1*(participant SP) ")" CRLF 
media-operation = "media-operation=(" "select=" right SP "combine=" 

right SP "mix=" right ")" CRLF 
media-control-policy = "media-control-policy = (" *(media-topology-

graph SP) ")" ")" CRLF 

The research is partially funded by the project 08107ni-7, 
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Services in Packet Networks”. 
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An Approach to Flow Control Based on Combined 
Adaptive Algorithm in Communication Networks 

Georgi V. Hristov1 and Teodor B. Iliev2

Abstract – Due to the fundamental end – to – end design 
principle of the TCP/IP for which the network cannot supply any 
explicit feedback, today TCP congestion control algorithm 
implements an additive increase multiplicative decrease (AIMD) 
algorithm. It is widely recognized that the AIMD mechanism is 
at the core of the stability of end – to – end congestion control. In 
this paper we describe a new algorithm we call Adaptive AIMD. 
The key concept of the adaptive behavior mechanism is to adapt 
to predicted network resource. We derive a mathematical model 
of the throughput of the MAIMD, that shows that TCP AIMD is 
stable, is friendly to Reno and increases the fairness in 
bandwidth utilization. 
 

Keywords – AIMD, TCP, Congestion Control,  
 

I. INTRODUCTION 

Congestion in computer networks is becoming an important 
issue due to the increasing mismatch in link speeds caused by 
intermixing of old and new technology. Recent technological 
advances such as local area networks (LANs) and fiber optic 
LANs have resulted in a significant increase in the bandwidths 
of computer network links. However, these new technologies 
must coexist with the old low bandwidth media such as the 
twisted pair. This heterogeneity has resulted in a mismatch of 
arrival and service rates in the intermediate nodes in the 
network causing increased queuing and congestion [1]. 

Traditional congestion control schemes help improve 
performance after congestion has occurred. The point at which 
the packets start getting lost is called a cliff due to the fact that 
the throughput falls off rapidly after this point. We use the 
term knee to describe the point after which the increase in the 
throughput is small, but when a significant increase in the 
response time results. 

A scheme that allows the network to operate at the knee is 
called a congestion avoidance scheme, as distinguished from a 
congestion control scheme that tries to keep the network 
operating in the zone to the left of the cliff. A properly 
designed congestion avoidance scheme will ensure that the 
users are encouraged to increase their traffic load as long as 
this does not significantly affect the response time, and arc 
required to decrease them if that happens. Thus, the network 
load oscillates around the knee [2, 3]. 

II. CRITERIA FOR SELECTING CONTROLS 

The key criteria are: efficiency, fairness, distributedness, 
and convergence. We define them formally as follows: 

1. Efficiency: The efficiency of a resource usage is defined 
by the closeness of the total load on the resource to its knee. If 
Xgoal denotes the desired load level at the knee, then the 
resource is operating efficiently as long as the total allocation 
( ) ( )∑ txtX i  is close to Xgoal. Overload (X(t)>Xgoal) or 

underload (X(t)<Xgoal) are both undesirable and are considered 
inefficient. We consider both as equally undesirable. 

Notice, that efficiency relates only to the total allocations 
and thus two different allocations can both be efficient as long 
as the total allocation is close to the goal. The distribution of 
the total allocation among individual users is measured by the 
fairness criterion [1]. 

2. Fairness: The fairness criterion has been widely studied 
in the literature. When multiple users share multiple 
resources, the maxmin fairness criterion have been widely 
adopted [2,4,5]. Essentially, the set of users are partitioned 
into equivalent classes according to which resource is their 
primary bottleneck. The maxmin criterion then asserts that the 
users in the same equivalent class ought to have the equal 
share of the bottleneck. Thus, a system in which xi(t)=xj(t) 

ji,∀  sharing the same bottleneck is operating fairly. If all 
users do not get exactly equal allocations, the system is less 
fair and we need an index or a function that quantifies the 
fairness. One such index is [5]: 

 ( ) ( )
( )∑
∑= 2

j

i

xn

x
xF  (1) 

This index has the following properties: 
 The fairness is bounded between 0 and 1 (or 0% and 

100%). A totally fair allocation (with all xi’s equal) has a 
fairness of 1 and a totally unfair allocation (with all resources 
given to only one user) has a fairness of 1/n which is 0 in the 
limit as n tends to ∞; 

 The fairness is independent of scale, i.e., unit of 
measurement does not matter. 

 The fairness is a continuous function. Any slight 
change in allocation shows up in the fairness. 

 If only k of n users share the resource equally with 
the remaining n-k users not receiving any resource, then the 
fairness is k/n. 1Georgi V. Hristov is with the Department of Communication

Systems and Technologies, 8 Studentska Str., 7017 Ruse, Bulgaria, 
E-mail: ghristov@mbox.contact.bg 

2Assis. Prof. Ph.D Eng. Teodor B. Iliev is with the Department of
Communication Systems and Technologies, 8 Studentska Str., 7017 
Ruse, Bulgaria, E-mail: tiliev@ecs.ru.acad.bg  

3. Distributedness: The next requirement that we put on the 
control scheme is that it be distributed. A centralized scheme 
requires complete knowledge of the state of the system. For 
example, we may want to know each individual user's demand 
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or their sum. This information may be available at the 
resource. However, conveying this information to each and 
every user causes considerable overhead, especially since a 
user may be using several resources at the same time. We are 
thus primarily interested in control schemes that can be 
implemented in real networks and, therefore, we assume that 
the system does the minimum amount of feedback. It only 
tells whether it is underloaded or overloaded via the binary 
feedback bits. Other information such as Xgoal and the number 
of users sharing the resource are assumed to be unknown by 
the users. This restricts the set of feasible schemes. We, 
therefore, describe the set of feasible schemes with and 
without this restriction [5]. 

4. Convergence: Finally we require the control scheme to 
converge. Convergence is generally measured by the speed 
with which (or time taken till) the system approaches the goal 
state from any starting state. However, due to the binary 
nature of the feedback, the system does not generally 
converge to a single steady state. Rather, the system reaches 
an "equilibrium" in which it oscillates around the optimal 
state. The time taken to reach this "equilibrium" and the size 
of the oscillations jointly determine the convergence. The time 
determines the responsiveness, and the size of the oscillations 
determine the smoothness of the control. Ideally, we would 
like the time as well as oscillations to be small. Thus, the 
controls with smaller time and smaller amplitude of 
oscillations are called more responsive and more smooth, 
respectively, as shown in Fig. 1. 
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Fig.1 Responsiveness and smoothness 

III. THE AIMD CONTROL ALGORITHM 

The Additive Increase/Multiplicative Decrease (AIMD) 
algorithm is described in detail in [6] and is referred as 
“dynamic window adjustment” in [7]. The basic idea of the 
algorithm is to reduce the sending rate/window of the flows 
when the system bandwidth is exhausted and to increase the 
sending rates/windows when bandwidth is available. As 
mentioned in the previous section, when bandwidth is 
available (i.e. the aggregate rates of the flows do not exceed 
the network threshold:  [6]) the system attaches 

the signal 1 to the acknowledgment of each packet. In 
response, flows increase by one (packet) their windows. A 
continuous series of positive signals will cause a linear 
increase in the flows’ rate. Obviously, the increase is not 
unlimited because the bandwidth is fixed. When flows’ rate 
exceed the bandwidth limit (i.e. ∑ ) the system 
attaches the 0 signal to the acknowledgment of each packet 
and flows respond to congestion by a decrease in their sending 
rates/windows. 

∑ < goali Xω

≥ goali Xω

Authors in [6] prove that a linear increase/exponential 
decrease policy is a condition for the increase/decrease 
algorithms to set (or converge) quickly the system in a fair 
state where the load oscillates around some equilibrium. The 
equilibrium state determines also the fairness and efficiency 
of the mechanism. 

The convergence behavior of a two flow AIMD system is 
depicted by vectors in a 2- dimensional space oscillating 
around the efficiency line (or equilibrium) in Fig. 2. Upon 
each multiplicative decrease, the two windows x1 and x2 move 
closer to the fairness line (x1=x2). More details on the 
convergence of AIMD can be found in [6]. 

 

Window of flow 1

Window of flow 2

Efficiency line

kx +2

1x

2x

kx +1

Cliff

 
Fig.2 Vectorial representation of two-flow convergence to fairness. 

 
Fig. 2 shows the convergence behaviour of a two-flow 

AIMD system. It can be seen that the vector that traces the 
sum of the windows is in parallel with the fairness line when 
the flows increase their rates, and points towards the origin of 
the axes when flows apply exponential decrease. Another tip 
that we can grasp from this figure is that the projections of the 
vector parallel to the fairness line on the x and y axis are 
equal. The practical importance of this is that during linear 
increase phase both flows widen their windows by the same 
amount. 

Assume a two flow system with capacity Xgoal and let 
W=Xgoal/MSS (MSS is the packet size), be the maximum 
number of packets that the system can store per step or RTT 
(W coincides with the cliff line in the Fig.2). Let the flows f1 
and f2 have x1 and x2 initial resources (x1, x2∈N) respectively. 
Without loss of generality we assume that x1<x2 and x2+x2<W. 
Let the additive parameter be aI=1 and multiplicative decrease 
parameter be bD=1/2. A simple convergence scenario follows: 

Flow f1 Flow f2
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It can be seen from this numerical example that two flows 

running the AIMD algorithm will converge to fairness after 
1+lgx2 cycles. In general, if the multiplicative decrease 
parameter is bD=1/β and x1 and x2 are the initial windows of 
two flows then these flows will converge to fairness in 

 cycles or O( )( 1,maxlog 21 +xxβ ) ( )WW βlog  steps because 
of the linear increase. 

Based on the above example, below is presented a 
pseudocode for AIMD algorithm and an example of a 
distributed algorithm for an AIMD-based system of m flows. 
A new feature of this pseudocode is that it distinguishes the 
amount by which the window of the flow has widened during 
additive increase phase. This amount is symbolized as k and it 
can be easily noticed in Fig. 2 and in the above example. 
Resources consumed by the flows (i.e. congestion window) 
are represented by the vector/tuple ( mωωω ,...,, 21 ), where the 
ith element of the vector represents the congestion window of 
flow i. Note that the AIMD-System’s pseudocode is used to 
describe the system behaviour and is not executed by one 
single entity. 
 P1(w,k,dw){ 
  while (feedback==1)do 
   { 
    k:=k+a; 
   } 
  dw:=1/2(w+k); 
  w:=dw; 
  return (w,k,dw); 
  } 
System ((x1,x2,…,xm),m,n) 
 i:=1 
 if (i<m) 
  { w[i]:=x[i]; 
  i:=i+1; } 
  j:=1; i:=1; 

 if (j<n) 
  { if (i<m) 
  {w[i]:=P1(w[i]); 
  i:=i+1;} 
 j:=j+1;} 
return (w1,w2,…,wm) 

In Table 1 we show the notation of AIMD algorithm. 

TABLE I 
AIMD ALGORITHM NOTATION. 

xi Initial window of flow i. 
k Resources consumed by additive increase 
ω  The value of the window immediately after 

the multiplicative decrease 
k+ω  Current window of a flow (k≥0) 

n Integer. Represents the number of cycles 
towards convergence. 

m Integer. Represents the number of flows. 
aI The additive increase rate (aI=1) 
bD The multiplicative decrease ratio (bD=1/2) 

Based on this observation, we can define fairness in the 
context of the AIMD system functionality: 

A system of m flows S(f1, f2,…,fm), where fi is the flow i and 
iω  is its corresponding instantaneous throughput, converges 

to fairness in n cycles if mωωω ,...,, 21  become equal exactly 
at the nth cycle. 

IV. MODIFIED AIMD ALGORITHM 

The AIMD mechanism has been proved in practice to be 
reliable (at least from congestion avoidance perspective), a 
little attention has been given to the dynamics of this 
algorithm. It is suggested that the bandwidth utilization of this 
algorithm be improved with buffer provisioning at the routers. 
Furthermore, these suggested methods do not consider the 
problem of how fast the link can be filled with data. The 
responsiveness and smoothness of this algorithm is studied in 
[6] and a little attention is given to each component of this 
mechanism. 

The first component, multiplicative decrease, releases from 
the window those estimated shares that are not known to other 
flows (i.e. a sequence of multiplicative decreases will nullify 
those shares). The second component, additive increase, 
guarantees that the new resources that are used are estimated 
fairly. 

Assume that two flows f1 and f2 at time t enter the system 
with windows x1 and x2 (x1<x2 and x1+x2<W). The flows start 
consuming resources (additively) from the system and at time 
t+δt, the system notifies the flows to release resources 
(x1+x2+2k≥W). Since both flows f1 and f2 evolve with the same 
additive increase parameter, from time t to time t+δt they 
consume exactly k resource units, each. When the system 
resources are exhausted the flows essentially release resources 
(i.e. multiplicative decrease) from the initial windows x1 and 
x2 which were allocated unfairly. So, our algorithm suggests 
to decrease multiplicatively (to half the previous size) the 
windows x1 and x2 alone. On the base of this conclusion we 
can modified the AIMD algorithm. 
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The algorithm of the Modified AIMD (MAIMD) system 
can be described as follows: 
 P2(w,k,dw){ 
  while (feedback==1)do 
   { 
    k:=k+a; 
   } 
  dw:=1/2w+k; 
  w:=dw; 
  return (w,k,dw); 
  } 
System ((x1,x2,…,xm),m,n) 
 i:=1 
 if (i<m) 
  { w[i]:=x[i]; 
  i:=i+1; } 
  j:=1; i:=1; 
 if (j<n) 
  { if (i<m) 
  {w[i]:=P2(w[i]); 
  i:=i+1;} 
 j:=j+1;} 
return (w1,w2,…,wm) 

The AIMD itself can not be applied when the window is 
equal to one byte/segment/packet. Consider a single flow 
system, the decrease window of this flow is ω  and assume 
that prior to congestion  resources were allocated in 
additive increase. Therefore, 

Iak ×
Wak I ≥×+ω . The ensuing 

phase of multiplicative decrease will produce a reduction of 
resource utilization at: 

 Iakww ×+←
2

 (2) 

MAIMD can only be applied if: 

  (3) Iaw 2≥

V. SIMULATION RESULT 
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Fig.3 Performance of the ТСР AIMD and TCP MAIMD 

 
In our experiments we have used two TCP flows with 

AIMD and MAIMD algorithms. On Fig.3 we show the 
performance of the TCP MAIMD and TCP AIMD with 
different RTT. Fig.4 shows the investigation where we adjust 
TCP MAIMD parameters, and keep TCP AIMD at the default 
values as a reference for comparison. 
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Fig.4 Congestion window evolution 

VI. CONCLUSION 

Placing side by side the multiplicative decrease functions of 
AIMD and MAIMD we notice that MAIMD augments its 
window by a well-known factor: ½k. This improves its 
fairness and efficiency and suggests that augmenting the 
windows after multiplicative decrease, by a well-known 
increase factor, leads to enhanced efficiency and faster 
convergence to fairness. From the conducted simulation we 
can see that the efficiency of MAIMD is 8% higher than the 
efficiency of AIMD. 
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A Model for Network Performance Analysis in a Case of  
Transfer a Large Image Files 

Veneta P. Aleksieva1, Peter T. Antonov2  

Abstract – In this paper we propose the analytical model for 
quick determination and prognostic of network performance in 
case of transfer a large image files. In the creation of this model 
is used typical fragment of TCP/IP network, which may be 
expanded.  The practical use of this model is based on 
simulations.   
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I. INTRODUCTION 

The company’s business today is dependent on computer 
systems and network technologies, which is accessible by 
Internet. Most of them dislocate your applications, and your 
earnings are depended on Web-sites, local networks and 
client-server applications.  

II. PRESENTATION 

The aim of this elaboration is to develop a mathematical 
model, with which it have to prognosticate the performance of 
client-server network to detect and discard (if it is possible) 
bottleneck of the network and to achieve the desired 
admissible response time from server.  The resulting 
analytical   expressions may use as tools for prediction 
analysis when every network project is created, it doesn’t 
matter the size or the application area. So, when the network 
architecture is created, it will be laid in advance the customers 
requirements and will be created the most proper network 
structure from view of future management and performance.  

The network performance is base factor, which by bad 
parameters causes the productivity fall, the financial lose, the 
sale drop, the change for the worse company image. Because 
of these facts is important to find and discard the reasons for 
network delay and reach to acceptable quality of individual 
customer services. Many authors make researches in this 
direction [1],[2],[3],[4], it   is published the patent software as 
tools for analysis of built working network[5].    

In this paper is presented an analytical model, with which 
may be planned change of time for treatment of   request for 
server in the network to improve the network performance 
when it has average or huge loads. Usually it is presented a 
quantity approach of performance measurement. In [1] is 
presented an experimental results about network delay in 
shared media, and with them it may predict approximately the 

network performance. In [2] and [4] it is presented graphics 
on experimental results for different modification of TCP-
protocols in comparison and it is rated their influence on 
performance in the same network. In [3] is presented an 
analytical method for network performance analysis, which is 
defined from view of optimization of Web-server application. 
In this paper is presented a development of this method with 
reading of the following important aspects, which cause 
necessity of details network performance analysis: 

1. a stage of a readiness for servicing of incoming 
requests to server, which come in  an accidental moment of 
time ; 

2. a difficult prognoses network load in the certain 
moment; 

3. a quality of service on these requests  
4. a permanently need of network expanding, if 

throughput is kept a constant   
5. an insurance  of acceptable quality of customer 

services, which is defined from: 
a. a subjective estimate of research-worker, which 

influence on the results of quality research; 
b. the used method for connection’s diagnostic; 
c. the feedback is formed from the customers, and is 

presented distinctive lines of customers, which indicate 
determinate individual characteristics and allow ranging of 
research people based on group from comparable persons or 
an ideal.  

6. insurance of high profitableness, determinate as ratio  
on expense to performance  

Examining fragment of network structure is presented on 
figure 1, where: on PC2 are located image files in JPEG 
format with different size (from 4КВ to 6345КВ); to hub 
consequently are attached 1, 2, 3 and 4  clients, with same 
characteristics – pentiumIV, 2.4GHz, 256MB RAM DDR1, 
Windows XP Proffesional, ver. 2002, service pack 1, browser 
Internet Explorer 6.0. They simultaneously visualized the 
same image, which is downloaded through the network from 
PC2. The network delays are written with the program 
Ethereal. It is a typical network fragment, which may be 
extended, and the results are applicable to any other network. 

In common case the delays of a web transaction are result 
from: 
1. search in  DNS  
2. time to setup TCP  
3. time to treatment from the server  
4. time to delivering through the network  
5. time to visualization, which is influenced from type of 

source code  1Veneta P. Aleksieva, is with the Department of Computer
Science and Engineering, Technical University of Varna, 
str.”Studentska”1, 9010 Varna, Bulgaria,E-mail: ven7066@abv.bg 

2Peter T.Antonov is with the Department of Computer Science and
Engineering, Technical University of Varna,  str.”Studentska”1, 9010 
Varna, Bulgaria,E-mail: peter.antonov@ieee.org 

6. the size of cache on the local browser  
7. the type of information 
8. the number of clients, which request the same file through 

the network 
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Fig.1. Model of typical fragment of network 

 
9. the delays-caused collisions or  faults of  delivering, 

because of the busy communication medias 
In this case the delays 1 and 3 may be ignored, because of 
static IP addresses and the constant treatment time of server 
during the experiment; 6 may be also ignored, because is the 
same in every of experiments and the images are visualized 
only once; 7 is the same, because for the aim of experiment 
are created alike files in JPEG with 4 stripes from basic 
colors, placed horizontal (it ignores the treatment way for 
images from the server). 
In further explanation are used next symbols: 
T servicing – time of service at message from network 
Z – The size measured in bytes, including header and footer 
Tij – time from a point i to a point j /i and j may be host - 
router, router-router, router-host/ 
Lframes –the length of message, including all official 
information  
Вx-y - bandwidth  of a link from x to y 
H- the number of bytes official information - 20В from TCP 
header, 20B from IP header +38B from layer2 header and 
footer and a time between the frames 
Dnic - delay time in a NIC 
Dr – delay time in a router.  
Moreover, the length of the sending message is increased, and 
it is calculated as: 
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⎛
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⎤
⎢⎣
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The expression 1
MTU

Z
+⎥⎦

⎤
⎢⎣
⎡  represent the number of frames, on 

which the message is divided, due to the length of MTU. If 
the message is less than MTU, then 0

MTU
Z

=⎥⎦
⎤

⎢⎣
⎡  and 

H+= ZLframes                     (2) 
At that the time for transferring from one point to another 
during media with bandwidth = В is: 

B
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=t                            (3) 

 When substitute Eq.(1) in Eq.(3) is calculated: 
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The delay time in the NIC for a frame is 0,556μs(Dnic), but in 
the router for a frame is 50μs(Dr).  In that case the delay for 
the message in the host is: 

⎟⎟
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Then the delay for the message in the router is: 
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The transition time of message during whole network from 
source to the destination in this example is: 

T servicing =Thost1 - router  +Trouter1-router 2 +T router-host 2 + 
+2*Trouter +2* Thost                                              (7) 

When substitute Eq.(4), Eq. (5) and Eq.(6) in Eq.(7) is 
calculated: 
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Fig. 2. The time of file transfer with different size of file 

 
When it is measured the time of file transfer with different 

size of file, it is received a correspondence between a 
theoretical and an experimental times. It may be seen on 
Fig.2, as the data is presented in Table I.   

When the receivers are more than one – for example N, and 
collisions don’t have in the media, then from the source to 
router2 the number of frames are: 
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N*1
MTU
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⎡

and time of transfer to every 

receivers must be: 
T servicingN = T servicing *N                     (9) 

TABLE I  
THE DIFFERENCE FOR 1 DESTINATION PC 

 
size of 
file in 
KB 

experimental 
time for 1PC 

theoretical 
time for 1 

PC Difference 
Difference 

as % 
4 1,217471 0,803198 -0,414273 -34% 

28 6,839668 5,549917 -1,289751 -19% 
98 16,842333 19,207308 2,364975 14% 
159 29,760572 31,184322 1,423750 5% 
215 41,157712 42,139222 0,981510 2% 

1728 301,896450 338,575240 36,678790 12% 
1853 302,623950 363,041082 60,417132 20% 
2637 435,454420 516,699550 81,245130 19% 
3220 534,886030 630,921286 96,035256 18% 
6345 1027,082400 1243,147080 216,064680 21% 

   Average 6% 
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Fig.3. Theoretical and average measure times 

 
Thus from view point of receiver the time to receive the file 

straight proportional of the increasing of the costumers 
number in the network (Fig.4). This can be watched at 2, 3, 4 
receivers (Tables II and III and IV). 

TABLE  II 
THE DIFFERENCE  FOR 2 DESTINATION PCS 

 

size of 
file in 
KB 

theoretical 
time for 1 PC 
when have 2 
PCs 

Average 
measure with 
1 PC when 
have 2 PCs difference 

Differenc
e as % 

4 1,606395 1,559643 -0,046752 -3%
28 11,099833 11,639395 0,539561 5%
98 38,414617 36,877514 -1,537103 -4%

159 62,368644 60,917755 -1,450890 -2%
215 84,278444 88,000552 3,722108 4%

1728 677,150480 669,790166 -7,360314 -1%
1853 726,082165 731,558122 5,475957 1%
2637 1033,399099 976,999486 -56,399614 -5%
3220 1261,842573 1276,562659 14,720086 1%
6345 2486,294159 2554,550637 68,256477 3%

   average 0%

TABLE III 
THE DIFFERENCE FOR 3 DESTINATION PCS 

 

size of 
file in 
KB 

theoretical 
time for 1 PC 
when have 3 
PCs 

Average 
measure with 
1 PC when 
have 3 PCs difference 

Difference 
as % 

4 2,409593 2,348371 -0,061222 -3%
28 16,649750 16,514804 -0,134946 -1%
98 57,621925 60,761998 3,140073 5%

159 93,552966 87,740641 -5,812325 -6%
215 126,417667 132,995518 6,577851 5%

1728 1015,725719 976,966700 -38,759019 -4%
1853 1089,123247 1131,843270 42,720023 4%
2637 1550,098649 1489,349802 -60,748847 -4%
3220 1892,763859 1923,844201 31,080342 2%
6345 3729,441239 3682,679030 -46,762209 -1%

   average 0%
 

TABLE IV 
THE DIFFERENCE FOR 4  DESTINATION PCS 

 

size of 
file in 
KB 

theoretical 
time for 1 PC 
when have 4 
PCs 

Average 
measure with 
1 PC when 
have 4 PCs difference 

Difference 
as % 

4 3,212790 3,146078 -0,066712 -2%
28 22,199666 21,260937 -0,938729 -4%
98 76,829234 78,010000 1,180766 2%

159 124,737288 119,194952 -5,542336 -4%
215 168,556889 174,846468 6,289579 4%

1728 1354,300959 1365,836432 11,535473 1%
1853 1452,164329 1522,303200 70,138871 5%
2637 2066,798198 2050,044590 -16,753608 -1%
3220 2523,685146 2537,800230 14,115084 1%
6345 4972,588319 4983,238101 10,649782 0%

   average 0%
 

The traffic in the network has a fluctuate character [2] and 
load moments of loading the time for answer from the view 
point of the receiver increase too much. 
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Fig. 4. Time of download for different number of PCs 

 
The following of the development of the loading of the 

system is a key moment in planning of the performance, 
because the prediction of the future levels of loading the 
system in which is reached the moment of saturation define 
the most profitable ratio expenses – the performance. The 
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TABLE V planning of the development of the network, appropriate with 
the keeping of the parameters characterizing the performance 
leads to escaping financial losses and the dissatisfaction of the 
customers.  

 
Brouter-

internetprovider 
56kB 2048MB 

Thost-router 0,02702 0,02702 
Trouter-

internet 
394,97 0,00104 

Trouter 0,0683 0,0683 
Tserver 2 2 
Tservicing 397,065 2,09636 

Moreover, for а random network, in which different sizes of 
request are downloaded from server, it is calculated the 
average size of file Zaverage by Eq. (10): 

Zaverage =                      (10) rZ i

R

i
i *

1
∑
=

Where are used next symbols:  
EXAMPLE Zi –size of file,  

R –number of every file, which may be downloaded  
r –level of finding this document in percent [3]. III. CONCLUSION 
Moreover, the time in the NIC, the network and routers by 

analogy with Eq.(8) is calculated by expression (11): In this paper, it is presented an analytical model and 
experimental results, from which it is reached to next common   
conclusions: 
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 1. The analytical modeling predicts advantages of every   
variant before it is realized and this save time and money. 

2. The network expansion and growth of complexity of 
contemporary and future systems approves the necessity of 
methods accepting of   the performance valuation as a 
standard to system development and system realization. The 
analytical method of valuation in advance is quick and 
precise.  
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*D Zaveragenic + 3. The development tracing of system load is a key 

moment when it is planning the system performance, because 
the prediction of future levels of system load, where the 
moment of saturation is reached, defines more profitable 
correlation   of expense to performance. Now this evaluation 
in analytical model may be present as percent of customers 
increasing and as percent of increasing of size or number of 
contemporary download files. 
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When there are N clients simultaneously, it is calculated by 
Eq.(9).  
The treatment time of server - Tserver is calculated from 
frequency with which the requests come. If the number of 
request for 1 second is М, it is calculated by Eq.(12): 

4. The planning of network expansion is conformable 
with the parameters, which characterizing the performance, 
leads to overcome of financial loses and dissatisfied 
customers. Tserver = 

M
1

                            (12) 
 

Furthermore, if is used the expressions Eq. (10), Eq.(11) and 
(12) easy may be check which network component is its 
bottleneck and if is possible, may be offer decision to 
overcome this problem. On TableV it is showed one example 
for Zaverage=2МВ, М=0,5, Bhost-router1=100MB, MTU=1500B: 
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Investigation of the FIR Filters in the Subtraction Method 
for Filtration of Power-line Interference in Case of Even 

Sampling 
Georgy S. Mihov1 and Ventsislav D. Manoev2 

Abstract – In the paper are investigated fifteen non-recursive 
filters for application in the subtraction method for removing 
power-line interference from ECG in case of multiple even 
sampling. The filters have been tested in the same conditions 
with a real ECG signal. An analysis of their impulse, frequency 
and phase responses have been done. The evaluation of the FIR 
filters suitability is performed on the base of the calculated error 
as a difference between the original and the filtered signal. 
 

Keywords – ECG, power-line interference removal, 
subtraction method. 

I. INTRODUCTION 

The subtraction method for removing the power-line (PL) 
interference from electrocardiographs (ECG) signals [1, 2, 3] 
is established in 1980 by Bulgarian scientists and shows high 
efficiency when the sampling rate Φ and the PL frequency F 
are synchronized, i.e. when Φ/F = n is an integer. The basic 
structure of the subtraction method is shown in Fig. 1. The 
sequence of application of the method includes the following 
stages: 

– Linear segment detection. Every ECG signal sample Xi is 
tested whether it belongs to linear segment. A criterion for 
linearity is developed which is insensitive to the PLI. 

– Interference extracting. If the linearity criterion is 
fulfilled a filter (denoted K-filter) is performed in these 
segments to remove the PLI. The PLI sample B Bi is obtained by 
subtracting filtered samples Yi from the original signal 
samples Xi. 

– Interference restoring. The PLI samples B Bi are stored in 
an Interference temporal buffer of FIFO type. They are 
updated every time when a linear segment is found. These 
samples are used later on, to subtract the PLI from ECG 
signal. 

– Interference subtracting. In the non-linear segments 
where the linearity criteria is not fulfilled the PLI is removed 
by subtracting the phase locked interference sample BBi-n in 
FIFO buffer from the original signal sample Xi. The 
subtraction procedure is done in the module Subtractor. To 
clarify the method in the basic structure, it is shown that for 
the linear segments the PLI is canceled by subtracting the 

computed sample BiB  from the ECG sample Xi in the module 
Subtractor as well. In fact, its equivalent is performed by the 
K-filter in stage Interference extracting. 
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Fig. 1. Basic structure of the subtraction method 

II. INVESTIGATION 

The aim of this investigation is to test some non-recursive 
digital filters (with Finite Impulse Response – FIR) for its 
applicability in the subtraction method in case of even 
multiplicity, i.e. when n = 2m is even number. The case in 
point K-filter, which is applied in the stage Interference 
extracting. Such test at odd multiplicity is carried out in [4]. 

In [2] are defined main features of the K-filters: frequency 
response with zero in f = F, unity gain in f = 0 and a linear 
phase response. Fifteen filters are investigated (below they are 
signed with numbers from 1 to 15), which are exercised in the 
same conditions at even multiplicity n = 8: 

1. The K-filters are tested with an episode from a signal of 
AHA database AHA_1001d1, which is considered as a 
conditionally clean from PL frequency (Original signal) The 
testing episode have got a duration of 4 s and sampling rate 
Φ = 400 Hz. 

2. A synthesized PL interference with frequency F = 50 Hz 
and amplitude p = 0,2 mV is added to the Original signal 
(Contaminated signal). 

3. The Contaminated signal is treated by the subtraction 
method and the filtered signal is signed as a Clean signal. The 
used criterion of linearity is Cr < M, where the threshold 
M = 80 µV is chosen empirically. The complex criterion 

1i iCr D D −= ∨  corresponds to the second difference 

(acceleration) of the signal 2i i n i i

1Georgy S. Mihov is with the Faculty of Electronic Engineering 
and Technologies – Technical University of Sofia,
E-mail: gsm@tu-sofia.bg 

2Ventsislav D. Manoev is with the Faculty of Electronic 
Engineering and Technologies – Technical University of Sofia,
E-mail: ventsy_m@mail.bg nD X X X− += − + . 
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4. An Error is calculated as an absolute difference between 
the filtered Clean signal and the incoming Original signal. 

The sequence of the testing is shown in Fig. 3. 
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Fig. 3. Experimental sequence of the testing 

The evaluation of the K-filters is performed on the base of 
the calculated Error, which is used for the following 
parameters estimating: Err_all – mean error for the whole 
tested episode; Err_m0 – mean error for linear segments; 
Err_m1 – mean error for non-linear segments; Err_max – 
maximal error in the whole tested episode; Err_ms – mean 
square deviation of the error within the whole tested episode. 

The investigation is done in the Matlab environment. All 
used filters are presented with their impulse, frequency and 
phase responses that are shown in Figs. 4 – 18. 

Filters 1, 2 and 3 are simple moving averaging even filters 
within the interval [-m … +m]. Filter 2 is with reduction by 
two [2]. Filter 3 is with reduction by four and was called 
‘three point’ filter [5], because it consists of just three terms. 
Filters from 4 [6] till 12 are asymmetrical filters with a 
different steepness of asymmetrically a. They are produced by 
Filter 1, 2 and 3 adding a weight of +a/N and –a/N to the 
terms, spaced on n samples (N is the scaling factor, which is a 
sum of all filter terms). Except the Filter 11, which is called 
‘two point’ filter [2], they have non-linear phase responses. 
Filters 13, 14 and 15 are first derivate of the Filters 1, 2 and 3 
[7]. Second derivate filters are not tested. 
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Fig. 4. Filter 1: even moving averaging filter; 

K = [0 0 0 0,5 1 1 1 1 1 1 1 0,5 0 0 0]/8 
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Fig. 5. Filter 2: moving averaging with reduction by two; 

K = [0 0 0 0 0,5 0 1 0 1 0 1 0 0,5 0 0 0 0]/4 
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Fig. 6. Filter 3: reduction by four (‘three point’ even filter); 

K = [0 0 0 0 0,5 0 0 0 1 0 0 0 0,5 0 0 0 0]/2 
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Fig. 7. Filter 4: asymmetrical by one averaging filter; 

K = [0 0 0 -0,5 1 1 1 1 1 1 1 1,5 0 0 0 0 0]/8 
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Fig. 8. Filter 5: asymmetrical by two non-causal filter; 

K = [0 0 -1,5 1 1 1 1 1 1 1 2,5 0 0 0 0 0 0]/8 
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Fig. 9. Filter 6: asymmetrical by three non-causal filter; 

K = [0 -2,5 1 1 1 1 1 1 1 3,5 0 0 0 0 0 0 0]/8 
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Fig. 10. Filter 7: asymmetrical by four causal filter; 

K = [-3,5 1 1 1 1 1 1 1 4,5 0 0 0 0 0 0 0 0]/8 
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Fig. 11. Filter 8: reduced by two asymmetrical by two filter; 

K = [0 0 -0,5 0 1 0 1 0 1 0 1,5 0 0 0 0 0 0]/4 
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Fig. 12. Filter 9: reduced by two asymmetrical by four casual filter; 

K = [-1,5 0 1 0 1 0 1 0 2,5 0 0 0 0 0 0 0 0]/4 
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Fig. 13. Filter 10: asymmetrical by one ‘three point’ filter; 

K = [0 0 0 0,25 0 0 0 1 0 0 0 0,75 0 0 0 0 0]/2 
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Fig. 14. Filter 11: reduction by four (‘two point’ odd filter); 

K = [0 0 0 0 0 0 1 0 0 0 1 0 0 0 0 0 0]/2 
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Fig. 15. Filter 12: asymmetrical by three ‘thee point’ filter; 

K = [0 -1,5 0 0 0 1 0 0 0 2,5 0 0 0 0 0 0 0]/2 
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Fig. 16. Filter 13: first derivate of the averaging Filter 1; 

K = [-1 -4 -8 -12 16 44 40 36 34 36 40 44 16 -12 -8 -4 -1]/256 
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Fig. 17. Filter 14: first derivate of the reduced by two Filter 2; 

K = [-1 0 -4 0 8 0 20 0 18 0 20 0 8 0 -4 0 -1]/64 
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Fig. 18. Filter 15: first derivate of the ‘three point’ Filter 3; 

K = [-1 0 0 0 4 0 0 0 10 0 0 0 4 0 0 0 -1]/16 

TABLE I 
ERRORS WITH DIFFERENT FILTERS APPLYING 

 Err_all Err_m0 Err_m1 Err_max Err_ms
Filter 1 3,34 3,27 3,53 13,76 4,27 
Filter 2 3,38 3,30 3,62 13,76 4,32 
Filter 3 3,51 3,29 4,12 12,91 4,38 
Filter 4 3,33 3,29 3,42 13,57 4,20 
Filter 5 3,17 3,18 3,14 14,31 4,03 
Filter 6 3,01 2,95 3,16 12,24 3,69 
Filter 7 3,84 3,79 4,00 21,48 4,73 
Filter 8 3,24 3,24 3,24 14,31 4,07 
Filter 9 3,07 3,02 3,21 12,66 3,75 

Filter 10 3,57 3,48 3,84 14,28 4,59 
Filter 11 3,73 3,72 3,77 16,75 4,75 
Filter 12 3,46 3,44 3,54 13,48 4,16 
Filter 13 3,25 3,22 3,32 14,84 3,99 
Filter 14 3,01 2,96 3,14 14,87 3,78 
Filter 15 1,97 1,76 2,24 9,63 2,52 

 
Table I contains the calculated errors as results of the 

Filters applying in the subtraction method with the testing 
signal. The diagrams obtained using the software product 
Excel can be seen in the Fig. 19. 

One may see that the filters that have lower suppression of 
the spectral components, different from the power-line 
frequency, are more accurate in interference extraction. 
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Fig. 19. Comparison between experimented K-filters 

III. CONCLUSION 

In the paper are investigated fifteen non-recursive filters for 
their applicability in the subtraction method for removing PL 
interference from ECG. Non-recursive K-filters have been 
chosen because their impulse responses are finite and could be 
locked in a linear area [-n…+n] defined by the linearity 
criterion. The results lead to the followed conclusions: 

1. All K-filters that perform the condition to have a transfer 
coefficient K(f) = 1 for f = 0 and K(f) = 0 for f = F are suitable 
for using in the subtraction method. 

2. Unsymmetrical K-filters, which have non-linear phase 
response are also suitable for using in the subtraction method 
(see experiments with Filters 8 and 9). 

3. Filters with less suppression of the frequency 
components different from F produced a smaller error. 

4. Lower value of the errors are obtained using K-filters, 
which have higher steepness of the tangent in f = 0. 
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Abstract - In this article a new window function, obtained from 
algebraic polynomial, approximating delta function in Hausdorff 
metric is presented. Equations defining the polynomial 
parameters are derived. A domain of definition and analytical 
equations for Hausdorff’s window are defined. The change of 
Hausdorff’s window due to the Hausdorff’s distance and the 
order of the polynomial are graphically presented. Based on the 
obtained relations, a method for digital FIR filter synthesis is 
proposed. Equations for impulse and frequencies responses are 
defined. Mathematical relations for filter order and Hausdorff’s 
distance, due to the attenuation in stop band and the value of 
transition length, are presented. An example for filter synthesis is 
shown. A comparative analysis of the magnitude responses of 
Hausdorff’s and Kaiser FIR filters is conducted. 

Keywords - FIR filter, window, Hausdorff, function. 

I. INTRODUCTION 

The window method is one of the ways for FIR filters 
synthesis. The method’s concept is approximation of 
frequency characteristic of ideal low pass filter. 

 ( ) 1 ,
0     ,
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j
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H e
ω

ω ⎧
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c

c

ω ω
ω ω π

≤
< ≤

, (1) 

where cω  is the cut off frequency of the filter. The impulse 
response of an ideal filter can be obtained from the equation 
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π
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The ideal impulse response must be limited as to obtain a 
concrete filter, because the real impulse response must be zero 
for negative values of its argument n  and defined in the 
interval , where  is the real filter length. 0 k N≤ ≤ N

 . (3) ( ) ( ) ,  0
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h n
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= ⎨
⎩
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The limitation of ideal impulse response could be obtained 
with multiplying of window function  ( )w n
 . (4) ( ) ( ) ( )dh n h n w n=
In frequency domain, this is equivalent to convolution of ideal 
filter transfer function with frequency response of window 
function. This convolution provokes decreasing of steepness 
between band pass and band stop area and oscillations in the 
two bands in the proximity of the cut off frequency, due to the 
spectral deposition effect. Window functions are constant: 
Bartlett, von Hann, Hamming, Blackman, etc. and variable 
with parameter: Gauss, Tukey, Chebyshev, Kaiser and so on 

[1]. From above mentioned windows the best ratio between 
steepness of magnitude response and attenuation in the stop 
band gives the Kaiser’s window. 

In this article a new window function basing on Hausdorff’s 
distance and its application in FIR filers’ synthesis is offered. 

II. WINDOW FUNCTION IN HAUSDORFF’S METRIC 

Window function is obtained by delta function 
approximation like this 

  (5) [0, ]  0
( )

0       0
M x

x
x

δ
=⎧

= ⎨ ≠⎩
with an algebraic polynomial, accomplishing the best 
approximation of delta function in Hausdorff’s metric in 
interval [-1, 1] [2]. On Fig.1 the proximity concerning 
Hausdorff’s distance of the function ( )M xδ  by 1M =  is 
shown. 

αε

ε
ε

αε

( )M xδ

 
Fig.1. Approximation of delta function with Hausdorff’s 

polynomial 
 

It is proved [2], that the polynomial 

 ( )
2 2

2 2

2 1
1m m

xP x T
2α εε

α ε
⎛ − −

= ⎜ −⎝ ⎠

⎞
⎟ . (6) 

is the unique and the best approximation of delta function in 
Hausdorff’s metric.  is Chebyshev’s polynomial of first 
kind and degree m; 

mT
α  is parameter, and the factor (product) 

αε  determines the function’s bandwidth  in the area of the ε  
level main lobe. The relations between the polynomial’s 
parameters can be defined from the equation 
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The window function is obtained with the translating of 
Hausdorff’s polynomial in positive direction with value 1, the 
definition domain is reduced only to the main lobe interval 
[ ]1 ,1αε αε− +  and raised to the power of 1.27  
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Fig.2. Hausdorff’s window functions depending on the power 

of polynomial m  

 
Fig.3. Hausdorff’s window functions depending on the 

Hausdorff’s distance ε  
On Fig.2 and Fig.3 Hausdorff’s window functions are 

shown, depending on the power of polynomial m  values and 
Hausdorff’s distance ε . From the figures a conclusion can be 
made, that m  and ε  change the width of the function main 
lobe and they can be used as parameters in the FIR filter 
synthesis. 

III. FIR FILTER SYNTHESIS WITH HAUSDORFF’S 
WINDOW FUNCTION 

As it was mentioned in the beginning, the synthesis means 
an approximation of ideal low pass filter. If the Discrete 
Fourier Transformation is applied to the ideal magnitude 
response, an ideal impulse response is obtained in the form of 

( )sin x x . To be causal, the function is multiplied by 
appropriate window function (4) and translated in positive 
direction with the half of the interval of the window definition 
domain. The obtained result is the real impulse filter response.  

If a sequence of impulses is applied to the digital filter 
input, then the output response is the sum 
 ( ) ( ) ( ) ( ) ( )1 2y n h x n h x n 1= + − +  

 ( ) ( ) ( ) (3 2 1h x n h N x n N+ − + + + −L ) , (9) 

where [ ]0,n N= . 
The equation (9), expressed by the complex variable , is 

the real filter transfer function and obtains the form 
z

 ( ) ( ) ( ) 11 2N NH z h z h z− − −= + +  

 ( ) (23 Nh z h N z− −+ + + +L ) 01 . (10) 

The complex variable jz re ω=  is shown by its module r  and 
angle ω . If we admit 1r = , then the function ( )H z  will 
circumscribe round a single circle the frequency characteristic 

( )H jω . Considering this, the transfer function of the real 

filter is obtained after substitution jz e ω=  in equation (10) 
 ( ) ( ) ( )0 11 2j jH j h e h eω ωω − −= + +  

 ( ) ( )23 1j jNh e h N eω ω−+ + + +L − , (11) 
where (1), (2), , ( 1)h h h N +K  are the filter coefficients. 

To obtain the relations between the filters’ parameters is 
appropriate to use the relation by the Kaiser’s 

 7.95int 1
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f
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= +⎜ Δ⎝ ⎠
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where 

 a c

s s

f ff
f f

Δ = −  (13) 

is the difference between the normalized toward sampling 
frequency sf  stop band frequency af  and cut off frequency 

cf . The attenuation in the stop band in dB is marked by a . 
The Hausdorff’s distance could be obtained from the 
relations: 

At 24dBa <  
 1ε = . (14) 
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At 50dB< 130dBa ≤  
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ε −=
+
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It is appropriate the power of Hausdorff’s polynomial  to 
be equal to 

m
N , then from the equation (7) can be defined the 

factor αε . 
The described method will be shown with the following 

example: 
Let us calculate digital FIR filter coefficients with cut-off 

frequency , stop band frequency , stop 
band attenuation , at sampling frequency 

. 

1Hzcf = 2Hzaf =
25dBa =

10Hzsf =
From (13)  is defined and from (12) 0.1fΔ =

 25 7.95int 1 13
14.36 0.1

N m−⎛ ⎞= + = =⎜ ⎟×⎝ ⎠
. (18) 

Hausdorff’s distance can be obtained from (15) 

( )5 4 25 25210 10
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, (19) 

then from (7) the factor αε  is defined 
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The filter’s impulse response is obtained from multiplying  
( )sin x x  function by Hausdorff’s window function (8) 
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with argument’s value . The obtained values 

are filter’s coefficients by the power of  

0,1, 2, ,n = K
nz−

 ( ) 13 12 11-0.0234 0.0124 0.0173h z z z z− −= − + − +

z− +
3z− +

+
4j ω +

13je

 

  10 9 8 70.064 0.1187 0.1675 0.1962z z z− − −+ + + +
  6 5 40.1962 0.1675 0.1187 0.064z z z− − −+ + + +
 . (22) 2 10.0173 0.0124 - 0.0234z z− −+ −
The filter’s transfer function is obtained in accordance with 
(11) 
  ( ) 0 1-0.0234 0.0124j jH j e eω ωω − −= −

  2 30.0173 0.064 0.1187j je e eω ω− − −+ + +
 5 120.1675 0.0124 - 0.0234j je eω ω− −+ + −L

where 2 sf fω π= ; ( )0 2sf f= ÷ . 
The transfer function module is the filter magnitude response, 
and its argument – phase response. In some cases it is 
necessary the module to be normalised toward 0dB, as 
dividing by the sum of coefficients . ( )1h n +

 ( ) ( )*

0

( 1)
N

n

H j
H

h n

ω
ω

=

=
+∑

. (24) 

On Fig.4 and Fig.5 the filter’s frequency responses are 
shown.  

 

 
Fig.4. Normalised filter’s magnitude response 

 

 
Fig.5. Filter’s phase response 

 
From Fig.5 is seen, that the filter has linear phase response. 

It is because of impulse response symmetry, what comes from 
the equation (23) coefficients. 

The filter’s group time delay (GDT) is the phase response 
derivative. As it is linear, GDT will be constant. Its value is 
defined from the equation 

 

 13 0.65sec
2 2 10s

N
f

τ = = =
×

. (25) 

 

ω− , (23) 

On Fig. 7 magnitude responses of filters with Hausdorff’s 
window and Kaiser’s window with equal input data are 
compared: cut off frequency 1Hz, stop band frequency 2Hz; 
sampling frequency 10Hz; filter’s length 37N =  and stop 
band attenuation 60dB. 
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Fig.6. Group Delay Time 
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Fig.7. Magnitude responses comparison 

 
The comparison shows that filters are obtained with 
Hausdorff’s window function, where attenuation in stop band 
increase quicker than in the Kaiser’s filters. In this case for the 
frequency band 4-4.5Hz, it is about 18-25dB. This advantage 
is due to smaller magnitude response steepness in the area 
between cut off frequency and stop band frequency. In our 
case for frequency 1.4Hz the difference is about 3.5dB, which 
is illustrated on Fig.8.  
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Fig.8. Magnitude responses comparison - fragment 

IV. CONCLUSIONS 

In this article a new window function in Hausdorff’s metric 
is offered. It is applied for the first time in FIR filter synthesis. 
The obtained characteristics are similar to Kaiser’s filters. The 
magnitude response has smaller steepness in the area between 
cut off frequency and stop band frequency. This circumstance 
defines the bigger attenuation in stop band area. Hausdorff’s 
FIR filters possess all advantages and disadvantages of this 
kind of filters. They are calculated easier than digital IIR 
filters; always are causal; possess linear phase response. 

 

 
Fig.9. Magnitude responses comparison 

 
The main disadvantages are the smaller selectivity and the 

impossibility to obtain accurate magnitude response. 
The digital FIR filters obtained by Hausdorff’s window 

function are better than the most FIR filters, as it is illustrated 
on Fig.9. They expand the variety of filters of this type and 
may be applied in practice.  
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А New Method of Design of Variable Fractional Delay 
Digital Allpass Filters 

Kamelia S. Nikolova1 and Georgi K. Stoyanov2 

Abstract – A new method of design and implementation of 
variable fractional delay digital filters based on Thiran allpass 
phase delay approximation and using truncated Taylor series 
expansion of the filter coefficients is proposed in this paper. This 
method is simple for realization and is providing better tuning 
capabilities compared to other known methods. 
 

Keywords – Digital allpass filter, Variable filters, Fractional 
phase delay. 

I. INTRODUCTION 

Fractional delay (FD) filters are very useful in digital signal 
processing and in telecommunications for time delay 
estimation, timing adjustment in digital modems, precise jitter 
elimination, frequency synchronization in wireless 
telecommunications and speech processing [1]. Recently, the 
variable FD digital filters are subjects of an ever growing 
interest [2]-[7]. 

The most popular variable FD filter with finite impulse 
response (FIR) is the Farrow structure which allows control of 
the modelled fractional delay with a single parameter [2]. The 
main disadvantage of the FIR FD filters is that both the 
magnitude and the phase responses are varying from the 
desired response when tuning the fractional delay. 

The design of variable FD filters with infinite impulse 
response (IIR) is very complicated and is based usually on 
allpass structures, because of their best magnitude properties. 
The overall delay of an IIR structure satisfying the same phase 
delay requirements is considerably lower than that of the 
corresponding FIR filter. Disadvantages of the IIR FD filters 
are higher round-off noise, possible instability and worst 
behaviour in a limited wordlength environment. 

The most popular design method for allpass based FD 
digital filter with a maximally flat group delay response is 
based on Thiran approximation procedure [7], giving a closed-
form solution for the transfer function (TF) coefficients. Two 
methods for designing variable allpass FD filters based on 
Thiran approximation are known for now. In [3][4] a closed-
form method designing and implementing maximally flat 
allpass variable FD filters has been proposed. It is based on so 
called gathering structure (derived from the direct form 
structure) where the filter coefficients are represented as 
polynomials of the fractional delay parameter. The drawbacks 
of this method are the complicated structure (with too many 
multipliers) and the higher sensitivity (as of any direct-form 

structure). The second method which utilizes the poles of two 
Thiran FD filters is proposed in [5][6] and is called “root 
displacement interpolation method”. It uses two Nth order 
allpass Thiran FD filters modelling two different fractional 
delays D1 and D2 to obtain a new Nth order allpass FD filter 
with the delay between D1 and D2  The interpolated filters so 
obtained have a narrower bandwidth with flat phase delay. 
The method does not allow interpolation when the fractional 
parts of the delays D1 and D2 have different sign. The 
implementation of this method is also quite complicated and 
the range of tuning of the phase delay is quite narrow (the 
authors are talking more often about adjustment than about 
tuning). 

In this paper we propose and investigate a simple tuning 
procedure of Thiran based FD variable filters utilizing 
representation of the multiplier coefficients as truncated 
Taylor series. All theoretical results obtained in this work are 
verified experimentally. 

II. DESIGN PROCEDURE 

Let an N-th order allpass IIR filter has the following 
transfer function: 
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The Thiran approximation method gives a closed-form 
solution for TF coefficients as a function of the desired 
fractional delay parameter D (D is a positive real number that 
can be split into an integer part - corresponding to the TF 
order N - and a fractional part d as D = N + d):  
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The most straightforward approach to make d variable is to 
recalculate ak (2) for every given d and to reprogram the 
coefficients in (1) while using a direct form realization. Such 
an approach is not practical and is difficult to implement in 
real time because of too many multiplication and division 
operations. One possible way to eliminate the division 
operation and generally to simplify the calculation of ak (2) is 
to introduce a Taylor series expansion of the coefficients ak 
with respect to d and to truncate these expansions after the 
linear term assuming d<<1. Such an approach will limit the 
range of values of d over which the tuning will be effective 
but it will make it possible in real time. To achieve such 
tuning we propose the following design procedure: 

1. Selection of the allpass TF order corresponding to a given 
requirements (desired fractional delay value D and/or the 
bandwidth with maximally flat phase delay response). 
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2. Design of an allpass FD filter using Thiran approxi-
mation. 

3. Taylor series expansion of each TF coefficient and 
truncation after the linear term. 

4. Composite multiplier realisation. 

When the selected allpass TF order is lower (first or 
second) there is a simple relation between the transfer 
function poles positions (coefficients) and the desired phase 
delay. In these cases, it is more appropriate to use (or to 
select) an allpass section whose structure is different from the 
direct from. As it is known the direct form structure has 
higher sensitivity to the coefficients values changes. The 
proper selection of the allpass section used may reduce the 
sensitivity. For higher order applications the relation between 
the poles positions (the coefficients of the first- and second-
order sections in a cascade realization) and the desired phase 
delay is very complicated and can not be obtained in closed-
form and thus the Taylor approximation can not be applied. 
Because of that, the cascaded realizations with minimized 
sensitivity of the individual first and second order allpass 
sections can not be used. As a result for higher order allpass 
transfer functions the proposed design procedure can be 
applied only with direct form structure realizations. 

The most common requirement for real applications is for 
phase delay with small fractional delay parameter values 
( ) which means that the fractional part 
d will change with in the range [-0.5, 0.5]. It is equivalent to 
TF poles situated in the area around z = 0. In order to obtain a 
higher fractional delay time accuracy, we have proposed in [8] 
a new second order allpass section (called IS and shown in 
Fig. 1a) which has lower sensitivity for poles in that area than 
other well known second order allpass sections. Its transfer 
function is [8] 
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There is a great number of first and second order allpass 
sections in the literature [9][10] and we shall mention in this 
study only the most popular, those of Mitra and Hirano: MH1 
first order allpass section, shown in Fig. 1b, and MH2B 
second order allpass section, shown in Fig. 1c.  

 
 a) IS 

 
 b) MH1 c) MH2B 

Fig. 1. First- and second-order allpass sections. 

Their transfer functions are as follows: 
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After using the Thiran approximation, the transfer function 
coefficients of the allpass sections from Fig. 1 can be 
expressed as a function of the fractional part d of the delay 
parameter value D as shown in Table I. 

TABLE I 
MH1, IS AND MH2B FRACTIONAL DELAY FILTER COEFFICIENTS 

MH1 IS MH2B 
a1 a b b1 b2

2+d
d  

2+d
d  

)4)(3(
)1(
++

+
dd

dd  
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2
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d  
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++

+
dd
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It is seen from Table I that all these coefficients are 
depending on d in quite a complicated way not permitting real 
time recalculation and tuning. It appears thus that the 
truncated Taylor series expansions have to be used. The 
corresponding representations of the coefficients (after first 
order approximation) are given in Table II. 

TABLE II 
MH1, IS AND MH2B VARIABLE FRACTIONAL DELAY  

FILTER COEFFICIENTS 

MH1 IS MH2B 
a1 a b b1 b2

d
2
1  d

2
1 d

12
1  d

3
2  d

12
1

All the coefficients in Table II are surprisingly simple and 
they can easily be realized as composite multiplier 
coefficients containing one fixed and one variable part as 
illustrated in Fig. 2 for a1 and a (Table II). 

 
Fig. 2. Composite variable multiplier realization of a and a1 after a 

first-order approximation (Table II). 
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The similar results for the transfer function coefficients can 
be obtained in the case of higher allpass transfer function 
order. For example, the transfer function coefficients (1) of 
fifth order allpass FD filter obtained after the proposed 
method are given in Table III. 

TABLE III 
FIFTH ORDER VARIABLE FRACTIONAL DELAY  

FILTER COEFFICIENTS 

a1 a2 a3 a4 a5

d
6
5

−  d
21
5  d

84
5

−  d
504

5  d
1260

1
−

III. VERIFICATION OF THE DESIGN PROCEDURE 

To verify the proposed method we have designed one first-
order (MH1-based) and two second-order (IS-based and 
MH2B-based) allpass FD filters. Their transfer functions 
coefficients are given in Table II. The results for the tuned 
phase delay responses obtained after a first-order Taylor 
approximation are shown in Figs. 4a, 5a and 6a with dashed 
lines. The solid lines present the above mentioned FD filters 
designed for D = N + d. As it can be seen the proposed 
method works properly if the tuning parameter d is very small, 
approximately in the range [-0.05, 0.05]. Larger values of d 
are causing considerable deviation of the phase delay curve 
and are narrowing its maximally flat part. It means that the 
proposed method can be used only to adjust the phase delay 
within a small range of values of d. But, when there is a need 
to tune the phase delay in a wider range, the first-order 
approximation will be not enough. To solve this problem, we 
propose to use a second-order Taylor approximation for 
transfer function coefficients representation. The new transfer 
functions coefficients are given in Table IV. All these new 
coefficients still could be calculated and tuned in real-time, 
they have a homogeneous structure and can be realized as 
composite multipliers containing two fixed and two variable 
multipliers as illustrated in Fig. 3 for coefficients a and a1 
(Table IV). 

TABLE IV 
MH1, IS AND MH2B VARIABLE FRACTIONAL DELAY FILTER 

COEFFICIENTS AFTER SECOND-ORDER APPROXIMATION 

MH1 IS MH2B 
a1 a b b1 b2
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Fig. 3. Composite variable multiplier realization of a and a1  

(Table IV) after a second-order approximation. 

 
 a) 1st-order approximation b) 2nd-order approximation 

Fig. 4. Tuning of first-order MH1 allpass FD section 

The results for the tuned phase delay responses of the above 
mentioned FD allpass filters obtained after a second-order 
Taylor approximation are given in Figs. 4b, 5b and 6b with 
dashed lines. There is a considerable improvement in both, the 
range of values of d over which the tuning is possible and 
accurate, and in retaining the range of frequencies with flat 
phase-delay response. The price of such improvement (one 
fixed and one variable additional multipliers per TF 
coefficient) is readily acceptable in many practical cases. 

 
 a) 1st-order approximation b) 2nd-order approximation 

Fig. 5. Tuning of second-order IS allpass FD section 

 
 a) 1st-order approximation b) 2nd-order approximation 

Fig. 6. Tuning of second-order MH2B allpass FD section 
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IV. EXPERIMENTS 

In order to investigate the applicability of the proposed 
method in higher order variable allpass FD filter realizations 
we have designed one 3th and one 10th order allpass FD filters. 
The third order allpass FD filter is designed first for FD 
parameter values D in the range [2.6, 3.4] using Thiran 
approximation (the solid lines in Fig. 7a and b) and then the 
filter is turned to variable by using the method here proposed 
with first- and second-order Taylor approximation of the 
multiplier coefficients. The results for the phase delay 
responses are given in Fig. 7. The same procedure is applied 
for tenth order allpass FD filter which is designed for D in the 
range [9.6, 10.4] and the results for the phase delay responses 
are given in Fig. 8. As it can be seen, the range of the values 
of the tuning parameter d guaranteeing the maximally flat 
behavior of the phase delay with first-order Taylor 
approximations is approximately [-0.05, 0.05] and with 
second-order approximation is approximately [-0.3, 0.3]. The 
same results for the tuning parameter d are obtained for any 
other allpass FD transfer function order. The multipliers 
realizations for first-order and second-order Taylor approxi-
mation are similar to those given in Figs. 2 and 3, but with 
different values of the fixed multipliers.  

 
 a) 1st-order approximation b) 2nd-order approximation 

Fig. 7. Tuning of third-order allpass FD filter 

 
 a) 1st-order approximation b) 2nd-order approximation 

Fig. 8. Tuning of tenth-order allpass FD filter 

The results from Fig 8b are comparing very favorably with 
similar results (10th order transfer function) given in [6] where 
the range of values of d is only [0.1, 0.3] and the maximally 

flat part of the phase delay response is narrower. 

V. CONCLUSION 

A new method of design and implementation of variable 
FD allpass digital filters was proposed in this paper. It is 
based on Thiran maximally flat approximation of given phase 
delay response and makes use of truncated Taylor series 
expansion of the filter coefficients. It was found that 
truncation of the series after the linear term is applicable only 
for phase delay adjustments in a quite limited range of values. 
The second-order Taylor approximation of the coefficients is 
providing possibilities of tuning in much wider range of 
values of d exceeding the one achieved in other known public-
cations. The implementation of the method is simple and 
permits real time tuning of the phase delay time. The circuitry 
is less complicated compared to the other known methods. 
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Multifractal Analysis of Outgoing Signals from the 
Statistical Multiplexer with Neural Network Control 

Marija Zajeganović-Ivančić1, Irini S. Reljin2, Branimir D. Reljin3

 
Abstract – The paper considers simulation model of statistical 

multiplexer controlled by modified self-organizing neural 
network. The modifications are derived in order to avoid the 
packet loss, even in case of bursty traffic. In scheduling 
mechanism the priority of input streams are considered as well. 
Proposed model was tested over real input signals with 
multimedia content and outgoing signal was analyzed from the 
multifractal point of view. 

Keywords – Statistical multiplexer, buffer overflow, priority 
control, neural network, Kohonen learning law, multifractals.  

I. INTRODUCTION 

The multimedia traffic is predominant in modern 
telecommunications. Information is discretized and 
transmitted in the form of units: packets of variable length 
(number of bytes), depending on the content (as in Ethernet 
traffic), fixed-length packets called “cells” (as in 
asynchronous transfer mode (ATM) technique), or frames (the 
whole slide), slices (1/30 of frame) and blocks (8x8 pixels), as 
in video transmission [1]. Such traffic is characterized by 
burstiness and fractal nature (self-similar shape in different 
scales), which is illustrated in Fig. 1, where the traces (number 
of ATM cells per frame and per slice) [2], taken from the 
motion JPEG (MJPEG) version of the movie “Star Wars”  [3] 
is depicted. 
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Fig. 1. Video traces for MJPEG version  of “Star Wars” movie. 

The burstiness of incoming traffic may produce the packet 
loss, if the input node is overloaded. By introducing input 
buffers the traffic flow may be smoothed. Very good results 
are obtained with statistical multiplexer, as in Fig. 2. 
Depending on the scheduling policy, only one of input buffers 
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is connected to output, transferring its content to a line. The 
simplest scheduling policy is known as a “Round Robin” (RR) 
method: in this method the inputs are successively connected 
to the output, in fixed order, transferring predetermined 
amount of packets, say kd, irrespective of actual occupancy of 
input buffer. Although such a method suffers from packet loss 
(when some input is highly active) this is still very popular, 
due to its simplicity. From general model as in Fig. 2, a 
variety of different control mechanisms are suggested, 
targeted mainly to the cell loss reduction. 
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Fig 2. Model of statistical multiplexer. 

Statistical multiplexer may be controlled in different ways. 
Certainly, an efficient scheduling algorithm is possible if the 
traffic characteristics are known. Unfortunately, modern 
multimedia communications are characterized by high 
complexity and unpredictable variability, producing very 
difficult (and almost impossible) modeling of such traffic. 
Consequently, the multiplexer control is very complex. In 
many cases we only know what will be good output, but input 
parameters, traffic conditions, algorithms, and the procedure 
for traffic flow control are unknown. For such kind of 
problem(s) the artificial neural networks (ANNs) may give the 
answer. The ANNs are (in many cases) very efficient in 
solving different over- or under-determined problems, with 
weak and/or unknown relations between parameters. The 
ANN may be trained to resolve given problem according to 
“positive” and “negative” examples presented to a network, 
but without exact algorithm for such resolving. Since modern 
multimedia traffic belongs just to this class of problems, we 
decided to use the ANN in controlling the statistical 
multiplexer with multiple inputs and one output, as in Fig. 2. 

In this paper the multifractal (MF) analysis of outgoing 
signals from the statistical multiplexer, controlled by an 
algorithm based on the self-organizing neural network, is 
considered. The basic goal of the NN control was to avoid, as 
much as possible, the cell loss in real bursty traffic. Neural 
network decides which input will be connected to the output 
in each time slot, taking into account several parameters 
depending on the input traffic: the input buffers occupancy 
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(static parameter), input traffic dynamics (the rate of incoming 
packets), and the history of packet scheduling (measured as 
number of packets transferred to the output from given input). 
Also, the algorithm takes into account the priority of inputs, 
depending on the prescribed conditions. 

The paper is organized as follows. In Section II the 
modified Kohonen NN learning law, targeted to avoiding the 
cell loss in statistical multiplexer, is presented. In section III 
the multifractal analysis of output signals, under different 
scheduling policies, is described, while in Section IV some 
concluding remarks are derived. 

II. MODIFIED COMPETITIVE NEURAL NETWORK FOR 
INPUT PRIORITIES CONTROL 

The Kohonen learning law (KLL) [4] is suitable for tracking 
the changes in input signal. The essence of the KLL is based 
on comparing the inputs, described by an appropriate vector 

, with neuron states described by a weight 
matrix w = [w

T
nxxx ],...,,[ 21=x

1 w2 … wN]T . (Note that the number of inputs, n, 
and the number of neurons, N, may differ, but usually the 
same number is assumed.) The intensity, Ij, of each neuron 
j=1,2,…,N, is calculated as the distance between jth weight 
and inputs 

( )xw ,jj DI =             (1) 

The neuron with minimal intensity is declared as the winning 
neuron. Then the outputs of Kohonen layer take the values 
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and the  neuron weights are updated according to the relation 
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known as the Kohonen learning law. The constant a controls 
the learning rate and is determined empirically. 

Although the KLL may be very efficient in many cases, it 
suffers from at least one drawback known as the „once-
winner-always-winner” effect. Namely, since only the 
winning neuron adapts its weights, it is most reliable that this 
neuron will be closest to inputs in further time steps, so, it will 
be a winner in future. For minimizing this drawback, several 
modifications in KLL have been suggested. For instance, 
Duane DeSieno [5] introduced the „conscience” term, cj, and 
instead of (1) the modified intensity is suggested 

( ) jjj cDI −= xw ,   (4) 

The term  enables the fairness in winning. In [5] this term 
was given by 

jc

( )jj fNgc −= 1   (5) 
where N is the number of neurons, g is an empirical constant 
(typical value is g=10), and  is a function describing the 
contribution of  jth neuron in winning 

jf
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jj
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j
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The idea of this modification is to monitor the neuron's history 
of success in the competition. Since the number of neurons in 
Kohonen layer is N, each will have the oportunity of 1/N wins 
in fair competition. From (4) to (6) follows that if the neuron j 
wins more often than 1/N of the time, the term fj increases and 
cj decreases, becoming even negative, leading to higher value 
of its intensity, Ij. Consequently, its chance for winning 
decreases, while other neurons take a chance for winning. 

The idea of Duane DeSieno was further improved and 
applied to the input packet scheduler [6]. The conscience term 
of the form 

( )⎟
⎠
⎞

⎜
⎝
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N
gkcc jljjjj ϕ        (7) 

was suggested. The term k denotes the processing time slot, 
while the term  takes into account the actual state of 
jth buffer, given by a number of packets in this input buffer 
(static parameter), and the trend (first derivative) of incoming 
packets (dynamic parameter). In this way an adaptive node 
control is obtained, avoiding the cell loss, even in highly burst 
traffic. According to [6] the term f

))(( kx jjϕ

j may be expressed as 
10,)1(1)( 1 <<−−= − bbkf k

j              (8) 
where 

kk NN Nbb )/11(11 o −−=−=    (9a) 
with exponent Nk  given by  
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N .                 (9b) 

By adjusting terms qlj and qej, the input priorities may be 
adjusted. If qlj = qej = 1, there is no priority control, as already 
used in [6]. When changing qlj the priority is changed with 
linear term in (7), while qej controls the priority by 
exponential term in (9). If coefficients qlj and/or qej increase, 
the bias term cj is increasing as well, leading to decreasing of 
the intensity Ij, according to (4), enabling jth element to have 
better chance to win. (Note that the bias term cj may have 
fixed value, if some inputs are expected to have guaranteed 
quality of service (QoS), but also may be adaptive, depending 
on traffic conditions.) In this paper we will consider adaptive 
bias term depending on the buffer occupancy. From intensive 
simulations we decided that if input buffer is loaded over 60% 
of its capacity, its priority term(s) has to be increased by 40%. 

III. MULTIFRACTAL ANALYSIS OF OUTGOING 
SIGNALS 

 

Priority control, in general, may be consedered in different 
ways. When outgoing capacity (bandwidth) is less than input 
flow, the input(s) may be overloaded producing the cell loss. 
In this case the scheduling discipline has to be introduced for 
avoiding the cell loss and decreasing the delay, particularly 
for packets with hard demands, such as in real-time services. 
Priorities may be introduced from several reasons: for 
avoiding the input overflow and packet loss, but also for 
obtaining  predetermined QoS or guaranteed traffic flow, etc. 
From these reasons the input priorities have sense. 
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The analysis of outgoing signal of statistical multiplexer 
may be derived in different ways. In [7] the statistical analysis 
was derived, while in this paper the multifractal analysis is 
performed, because such analysis may be very useful for 
describing complex signals and phenomena [8]. Simulations 
were derived under the assumption of different scenarios, and 
here only a small portion of our research will be exposed. We 
analyzed the MJPEG version of the „Star Wars“ movie: the 
movie content was described by corresponding video traces 
(the number of bytes per slices). The whole movie was 
splitted into 60 sequences. Only several sequencies (5 in 
presented simulation) was selected randomly and connected to 
input buffers. Buffers are identical with the capacity of 
Cb=100 packets. We defined the maximal number of 
successive outgoing packets from each input, in one time slot, 
of kd = 5. Several characteristic results, related only to one of 
inputs (input 1) and its outgoing packets, are presented in 
Figs. 3-8. In Fig. 3 the multifractal spectrum of interarrival 
times is depicted. This spectrum has two significant regions: 
one is characterized by Holder exponent alpha between 0.7 
and 0.8, and the second, for alpha greater than 0.9. Such 
bimodal spectrum indicates to the highly additive 
characteristic of the input process (due to the combination of 
natural scenes and artificially generated objects in this movie), 
as noticed in [2]. 

 

Fig. 3. Multifractal spectrum of interarrival times for input 1. MJPEG 
version of „Star Wars“ movie is assumed. 

Two scheduling policies were assumed: classical RR and 
proposed NN control, with three scenarios of input priorities: 
fixed priority, given by the predetermined number of 
successive wins kd (for RR policy), and with adaptive priority, 
depending on the buffer occupancy (in NN control): the 
influence of linear and exponential terms, qlj and qej, 
describing priority control, as explained in (7)-(9), are 
considered separately. 

The diagrams of interdeparture times (outgoing signals), 
td, versus time, for packetsl loaded at input 1, are depicted in 
Fig. 4, assuming RR and NN control mechanism, respectively. 
As it is evident, the interdeparture times decrease when NN 
control is applied (a horizontal line at td=70 is placed as a 
reference), indicating to better adaptivity of this method 
according to actual buffers’ occupancies. 

When applying the scheduling control, outgoing signal 
become smoother, which is recognized from corresponding 

multifractal spectra, as in Figs. 5-7. In both scheduling 
policies, particularly with NN, Figs 6-7, the bimodal shape of 
the multifractal spectrum becomes less expressed indicating to 
better eqalization of outgoing streams. Note that linear (Fig. 6) 
and exponential (Fig. 7) priority control produce almost the 
same effect on the MF spectra. 

0 0.5 1 1.5 2 2.5x 104
0

10

20

30

40

50

60

70

80

90

100
RR  control td

 

0 0.5 1 1.5 2 2.5x 104
0

10

20

30

40

50

60

70

80

90
NN  control td

0.7 0.8 0.9 1.0 1.1 1.2

0.0 

0.2 

0.4 

0.6 

0.8 

1.0  f(alpha) 

alpha
 

Fig. 4. Interdeparture times (sequence 1). MJPEG version of „Star 
Wars“ movie. RR (top) and NN (down) control is applied.  
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Fig. 5. Multifractal spectrum of interdeparture times (sequence 1, 
MJPEG version of “Star Wars” movie) for RR priority control. 

Note also that the NN control decreases td, compared to 
the RR, which is illustrated in Fig. 8. Our previously derived 
program [9] permits to extract samples from input signal, 
having particular value of Holder exponent, alpha, and/or the 
magnitude of MF spectrum, f(alpha). By appplying this 
program we extracted samples characterized by parameter 
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alpha within limits: 0.92<alpha=< 0.93 (top diagrams) and 
0.71< alpha =< 0.72 (down), for RR (left) and NN control 
(right). 

 
Fig. 6. Multifractal spectrum of interdeparture times (sequence 1, 

MJPEG version of “Star Wars” movie) for NN linear priority control. 

 
Fig. 7. Multifractal spectrum of interdeparture times (sequence 1, 

MJPEG version of “Star Wars”) for NN exponential priority control. 

     
0.92 < alpha =< 0.93 

     
0.71 < alpha =< 0.72 

Fig. 8. Extracted samples from outgoing sequence 1, characterized 
by particular value of holder exponent, for rr (left) and nn control 

(right). 

          IV. CONCLUSIONS 

In this paper the statistical multiplexer with scheduling 
control was considered. Two scheduling policies were 
assumed: classical RR method and the NN control, and the  
analysis of the influence input priorities on cell loss was 
performed, as well. NN control takes into account the actual 
buffer occupancy and the trend of input traffic flow, as in [6], 
while priorities depend on the input activities. By monitoring 
the buffer occupancy we decided to increase by 40% the 
term(s) controling the priority of given input, if its buffer is 
loaded over 60% of its capacity. In this way the priorities are 
changed dynamically, depending on the actual input traffic, 
and the cell loss is avoided even in the case of bursty traffic. 
Intensive simulations confirm the efficiency of such 
scheduling policy. 0.7 0.8 0.9 1.0 1.1 1.2
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After scheduling, the outgoing traffic becomes smooth 
enough, which was already described by statistical analysis 
[7]. Here, the multifractal analysis is used for describing the 
nature of outgoing traffic. It was confirmed that the NN 
control was better than RR control, as expected, and already 
approved in case of equal-priority control [6].  
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Document Decomposition Based on Recursive Radon 
Transform 

Ivo R. Draganov1 and Roumen K. Kountchev2 

 
 
Abstract – In this paper we present a robust and efficient 

algorithm for document decomposition based on recursive 
Radon transform and morphology. The input image is divided 
into multiple fields by type – text and graphics not overlapping 
each other. Then for each text field line detection and word 
extraction are performed. High accuracy is achieved for the 
extracted words to be recognized afterwards. 
 

Keywords – document decomposition, radon transform, profile 
projection analysis 

I. INTRODUCTION 

Document decomposition is an important stage in the 
document processing systems where different fields such as 
text with different formatting, graphics, tables, equations etc. 
should be detected and extracted. In general there are three 
types of approaches – top-down, bottom-up and hybrid ones 
[1, 3]. The first group relies on examination of the document 
image as a whole and separating it to its compounds using a 
set of rules until some criterion is met [2]. The second type 
methods use the image pixels as a starting point. Grouping 
and labelling them into growing regions are then realized for 
decomposing the document [6]. And the third group is a 
mixture of both the approaches [4]. 

According to Mao et al. [3] the following limitations in 
previous works are met: the absence of formal models for the 
pages structure which not allows framework incorporation, 
model parameters estimation and document synthesis; the use 
of deterministic models and quantitative performance 
neglecting. 

Here we use a simplified structure model of a document to 
be decomposed based on recursive Radon transform and 
morphology – a typical top-down approach and 
decomposition error is given into account. Our main goal is to 
typify the steps starting from the whole input image and 
ending with the separate fields. Thus using recursion it is 
possible to accelerate the whole process instead of using 
additional analysis for each block extracted. 

In part two we give description of our formal document 
model and of the recursive algorithm. In part three some 
experimental results are given along with comparison to a 
previously developed and proven in practice algorithm and in 
part four a conclusion is made. 

II. DOCUMENT MODEL AND ALGORITHM 
DESCRIPTION 

The formal model of the physical structure of the 
documents we are going to process is given in Fig.1. It 
includes only text fields, graphics and tables not overlapping 
each other. Each block is represented of upper left and bottom 
right corner coordinates (Ap, Bp), p = 1÷P. (A0, B0) are the 
boundaries defining corners of the whole document. 

 
 

Fig.1. Proposed document physical structure model 
 

We make the following assumptions: 
• no two fields overlap with each other; 
• all the text fields contain only horizontally printed 

text which may be of different font, size and style 
– which covers almost all languages except the 
east-asian ones which means a horizontally 
periodicity is observable in each text filed; 

• graphics may contain all kinds of patterns, even 
such with a periodic structure but statistically for a 
wide range of images it should not be preferably 
oriented, horizontally or otherwise. 

All the limitations mentioned above do not drastically limit 
the applicability of our algorithm – most of the newspaper and 
magazine pages correspond to them. Knowing this here 
follows the steps of the proposed algorithm. 

Step 1 – getting the input image, in color for the most 
general case in RGB color space, [R(i,j), G(i,j), B(i,j)], where 
R,G,B = 0÷255; i = 0÷M-1 and j = 0÷N-1. Conversion is made 
then to grayscale: 

 
 ),(11.0),(59.0),(30.0),( jiBjiGjiRjil ++= , (1) 

 
where I(i,j) = 0÷255. 

Step 2 – binarization using Otsu algorithm according to: 

1Ivo R. Draganov is with the Faculty of Telecommunications, 
Technical University, Kliment Ohridski 8, 1000 Sofia, Bulgaria, E-
mail: idraganov@abv.bg  

2Roumen K. Kountchev is with the Faculty of
Telecommunications, Technical University, Kliment Ohridski 8,
1000 Sofia, Bulgaria, E-mail: rkountch@tu-sofia.bg 
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where t0 is the optimal brightness threshold. Working with 
binary image is faster for the next steps and since we are 
looking only for the coordinates of (Ap,Bp) the loss of 
information is of no importance. 

Step 3 – dilate the binary image with structural element 
S(k,l) = 1, for k = 0, l = [-7,+7], i.e. a straight line element 
with length of 15 pixels: 
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The aim of using this step is to fuse all the characters from 

each text line in each text field and get their bounds in the 
next step. Homogenous parts from graphics obtained after the 
binarization with small disconnections are now filled entirely. 

Step 4 – edge detection using Sobel operator: 
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The meaning of this operation is that now we get only the 

boundaries of the text lines – all collinear at their longer sides 
to each other for all text fields and the boundaries of the 
objects inside the graphics – in general arbitrary curves. 

Step 5 – Radon transform over Ibe(i,j):  
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If there is a skew in the initial document image of which 

magnitude we are not aware θ = [0,179]° should be used with 
a larger step. Then when we know roughly the skew θs we 
should use θ = [θs-1, θs+1]° with a smaller step of about 0.1° 
which is enough precision according to [5]. 

Step 6 – find the vertical profile projection from the Radon 
transform with minimal entropy, according to: 
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where θse is the exact skew with precision of 0.1°. 
Step 7 – binarize )( 'jR

seθ  using again Otsu algorithm: 
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where r0 is the optimal threshold. 

Step 8 – analyze the binarized profile )( 'jR bseθ . There are 
two basic cases – the document has a single text column 
(Fig.2.a) or a single graphic (Fig.2.b). The single dots 
correspond to accumulations obtained from text lines 
boundaries – peaks in the projection profile preserved after the 
binarization in step 7. 
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Fig.2. Different binarized projection profiles )( 'jR bseθ  

 
Fig.2.c is for a document with a graphic and a single text 

column beneath it, Fig.2.d of a two column document and 
Fig.2.e – of a graphic and two text columns underneath. When 
we have adjacent text columns multiple periodicities will 
emerge – for every text line in a column two by two dots will 
repeat with their distance between them and only if the 
separate columns are exactly collinear by their lines different 
dots from different columns will coincide with each other. 
Because of that even if we get a profile like those from Fig.2.a 
we need to make a horizontal projection profile to be sure we 
have only one column instead of two adjacent ones. 

So in this step we introduce a cut point along j’ each time a 
gap in the periodicity of dots is observed. Afterwards step 7 is 
repeated for each two parts – upper and lower of the 
nonbinarized profile )( 'jR

seθ . Here new dots may appear if 
there is a text column next to a graphic shorter than these 
above and below it. 

Step 9 – horizontal projection profile is made for each 
graphic and text block found no matter if there is a single or 
multiple periodicities observed in the latter: 
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where M’ and N’ define the size of the currently processed 
block in pixels. If Q(i’) ≠ 0 for each i’ then the block is 
homogenous one and can be extracted as such by its opposite 
vertexes Ap(i,j) and Bp(i,j). For every Q(i’) = 0 a horizontal cut 
point is introduced and for the new two parts steps 7-9 are 
repeated until no zeros in the horizontal projection profile are 
observed. 

The reiteration of step 7 after step 8 and steps 7-9 after step 
9 brings two recursions – along horizontal and vertical 
directions. More general case would be if we repeat step 5 
also before vertical and horizontal cut is made but only if we 
expect different text and graphic fields to have their own skew 
again not overlapping each other – thus we get recursive 
Radon transform. 

After the whole document decomposition to fields’ level is 
made for each text field from the last vertical projection 
profile each two dots no matter starting from the bottom or 
from the top corresponds to the upper and the lower boundary 
of each text line. Then for each text line we find the horizontal 
projection profile and from all the profiles obtained get a 
histogram of the lengths of the zero valued gaps in them. It is 
normally to assume and appears exactly that this histogram is 
two-mod one – a mod situated in the range of the smaller 
length values for the gaps between the characters and another 
– for the bigger gaps between words. Again Otsu algorithm 
can be used to find an optimal threshold separating the two 
modi – every time a gap is observed in text line with length 
above it then a cut point should be introduced separating 
neighbouring words. 

III. EXPERIMENTAL RESULTS 

As experimental dataset we use one color image (RGB, 24 
bpp) of a PAMI transactions page with dimensions 
2550x3300 pixels scanned at 300dpi used as well by Jain and 
Yu [4] so we can make a direct comparison to their algorithm. 
We use IBM compatible PC with Pentium 4 CPU at 3,2 GHz, 
1 GB RAM, MS Windows XP SP2, Matlab R2007A. 

In Fig.5 are given images of the page obtained at different 
stages from the proposed algorithm and some of the 
parameters used as well: a) the grayscale image of the page, b) 
image with edges detected, c) Radon transformed image for θ 
= [89, 91]° with step 0.1°, d) vertical projection profile for θse 
= 90° and e) binarized vertical projection profile. 

In Fig.3 is given the histogram of intercharacter and 
interword distances for text fields of 36 text lines with the 
same formatting. The length threshold for interword distance 
is detected to be 5 pixels. 

 In Table I a comparison is made between the algorithm 
proposed by Jain and Yu [4] for the correctly segmented 
symbols from a text field and the total CPU time for the single 
page decomposition. The segmentation accuracy of words by 
means of nondisintegrated characters and time consumption 
are almost the same with a small advantage for our algorithm. 

 
 

Fig.3. Intercharacter and interword distances histogram 
 

TABLE I 
TEXT SEGMENTATION ACCURACY AND TIME CONSUMPTION 

COMPARISON  

Parameters 
 

Method 

Correctly 
Segmented 
Symbols 

Wrongly 
Segmented 
Symbols 

Correct 
Rate, 

% 

Total CPU 
Time, 

sec 
Jain and 
Yu, [4] 1556 9 99,4 1,3000 

Our 1558 7 99,6 1,2030 

 
In Fig.4 we make a closer examination for the reason of the 

wrongly segmented symbols presence. Obviously there are 
two types of errors occurring. The first one (Fig.4.a) concerns 
characters which are rounded at the bottom or at the top like 
‘a’, ‘e’, ‘o’ etc. Because of poor quality at some places in the 
original a fixed structural element used to dilate the image 
can’t cope with the erosion present.  

 
 

 
 

Fig.4. Wrongly segmented symbols 
 

The second error appears in one place (Fig.4.b) but 
potentially can be observed often if a larger dataset had been 
used. In longer words with no characters containing ascenders 
near the character ‘i’ like ‘incorporating’ the dot above it can 
be separated and become a reason for wrong recognition while 
in words like ‘which’ i.e. with ascenders present near the ‘i’ 
such problem doesn’t exist. 
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IV. CONCLUSION 

The proposed algorithm for document decomposition based 
on recursive Radon transform is as accurate and fast as other 
well proven one in the practice. As further work an algorithm 
for adaptive selection of structure element parameters and 
more sophisticated document models should be developed. 
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Enhanced Sound Capture System for Small Devices 
Slavy G. Mihov1 Tyler Gleghorn2, Ivan Tashev2 

Abstract – With mass propagation of the cellular phones and 
other small form factor devices as PDAs and other handhelds 
their usage in noise adverse environment is substantially in-
creased. With adoption of the 3G and 4G wireless technologies 
the transition to videophone mode of communication is immi-
nent. In addition most of the modern mobile phones have inte-
grated cameras and are able to record short videos. In all these 
cases we have worse quality of the captured sound due to the old 
paradigm of a single microphone, which is supposed to be posi-
tioned close to the mouth of the human speaker. In this paper we 
propose enhanced sound capturing system for mobile devices. It 
consists of two directional microphones, pointing in opposite 
directions. Using a novel approach for the beamformer design we 
achieve satisfactory sound quality levels. The system output im-
proves the perceptual sound quality with 0.29 MOS points and 
the SNR with 15 dB. 
 

Keywords – sound capture, mobile devices, microphone array, 
beamforming 

I. INTRODUCTION 

Mobile devices are increasingly being used in situations 
that require hands-free communication. As a result, mobile 
phone users are now using headsets with their telephones. 
Despite the option of using either wired or Bluetooth wireless 
headsets, for reasons of comfort, convenience and style, most 
users prefer to use their handhelds without any headsets. In 
camcorder mode the device is supposed to capture sound 
sources from distances of 1-3 meters. In these usage modes 
the sound source is located at some distance from the micro-
phone. This positioning is suboptimal, and when compared to 
a well-placed close-talking microphone, yields a significant 
decrease in the Signal-to-Noise Ratio (SNR) of the captured 
speech signal. Considering the fact that most users operate 
their phones in noisy environments, the decrease in SNR of 
the captured speech signal leads to inability to use the device. 

One way to improve the quality of the sound capture sys-
tem is to use multiple microphones configured as an array 
instead of a single one. Microphone array processing im-
proves the SNR by spatially filtering the sound, in essence 
pointing the array beam toward the signal of interest, which 
improves the overall sound quality due to better directivity 
[1]. The use of multiple, spatially separated, microphones al-
lows performing spatial filtering along with conventional 
temporal filtering, which can better reject the interference 
signals, resulting in an overall improvement of the captured 

sound quality. Microphone array algorithms jointly process 
the signals from all microphones to create a single-channel 
output signal with higher SNR compared to a single micro-
phone. In practice, beamforming algorithms have their limita-
tions, so an adaptive post-filter is typically applied to the array 
output in order to provide additional noise reduction [1, 2]. 

Incorporating a microphone array into a handheld device 
presents a unique set of challenges. For example, conventional 
methods of far-field beamforming, e.g. [1, 2], can’t be directly 
applied because the distance between the elements of the mi-
crophone array tends to be too small. In addition, size, power, 
and cost requirements limit the number of used microphones. 
We have non-typical requirements for the desired beamshape. 
The device should capture well sounds coming from front (in 
telephone mode) and back (in video camera mode). 

With small number of microphones, the performance of any 
beamforming algorithm will be limited. In the microphone 
array processing, the phase difference between the signals 
received from a pair of microphones gives indication for the 
direction of arrival (DOA) of a given sound source [8, 9]. In 
small microphone arrays, with very small distance between 
the microphones, the phase difference decreases and is 
masked by the ambient and instrumental noises, which results 
in losing DOA information for the sound source. In such ar-
rays, where the microphone elements are too close, determin-
ing DOA depends thoroughly on microphone directivities 
instead of time delay of signal arrival. 

This paper describes an enhanced sound capturing system 
for mobile devices. It is based on using directional micro-
phones and non-trivial approach to design the beamformer 
weights. A time invariant beamformer with low CPU re-
quirements provides well audible improvement in the percep-
tual sound quality measured and in SNR, compared to single 
microphone case. 

II. MODELLING 

The enhanced sound capture system for handheld devices 
consists of two unidirectional microphones, positioned back-
to-back, on both sides of the device pointing in opposite direc-
tions (Fig. 1). The microphones form two-element micro-
phone array, which can capture and process sounds from both 
front and rear directions. 

This two element microphone array is used to improve the 
Signal-to-Noise Ratio (SNR) with its spatial selectivity. As 
considered in [3, 4], an array of M microphones has known 
positions of its elements, determined by vector p; the sensors 
sample the signal field at locations pm = (xm, ym, zm) : m = 0, 1, 
…, M-1. This yields a set of signals that we denote by the vec-
tor x(t, p). Each sensor m has known directivity pattern Um(f, 
c), where c = {φ, θ, ρ} represents the coordinates of the sound 
source in radial coordinate system. The coordinates can also 
be represented in a rectangular coordinate system, c = {x, y, 
z}. The microphone directivity pattern is a complex function, 
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1000, Kliment Ohridski St. 8, e-mail: smihov@tu-sofia.bg. Work 
done while being intern in Microsoft Research. 

2 Tyler Gleghorn, Ivan Tashev – Microsoft Corporation, One Mi-
crosoft Way, Redmond, WA 98052, USA, e-mail: {tylerg, ivan-
tash}@microsoft.com 

87 



 

Microphone directivity: 1000 - 1200 Hz 

front
mic.

rear
mic.

microphone
compartment

 
Fig. 1. Microphone configuration in a handheld device 

providing the spatio-temporal transfer function of this chan-
nel. For an ideal omni-directional microphone Um(c,f) = const. 
The microphone array can have microphones of different 
types, so Um(c, f) can vary as a function of m. Even for micro-
phones of same type, Um(c, f) can vary, due to manufacturing 
tolerances and constructional peculiarities of the array. 

For adequate usage of the microphones in a microphone ar-
ray for beamforming is essential to have precise models of  
their directivity patterns. The models consist of analytical or 
measured expression of the microphone gain as function of 
the frequency and the incident angle. As in most of the cases 
analytical form is either complex or not precise, we measured 
the directivity patterns of the used microphones. We recorded 
a chirp signal in an anechoic chamber with the device proto-
type to determine the directivity patterns of each of its micro-
phones. The radial position of the speaker towards the device 
was changed and a record was captured every 10 degrees. 

With this set of 36 experimental records we were able to 
determine the directivity patterns of the microphones in our 
array configuration, using interpolation for the transitional 
incident angles. The estimated directivity diagram for one of 
the microphones for 1000 Hz is shown in Fig. 2. The micro-
phone directivity index is DI = 3.5 dB, and results in 3.9 dB 
noise suppression for signal coming along the main response 
axis. Microphone’s magnitude response as function of the 
signal frequency and the incident angle is shown in Fig. 3. In 
general it is a subcardioid directivity pattern with a slope to-
wards the lower part of the frequency band. 

III. BEAMFORMER DESIGN 

The use of microphone arrays has been extensively studied 
in the literature because of their effectiveness in enhancing the 
quality of the captured audio signal in scenarios where the use 
of a close talking microphone is undesirable, but high quality 
audio is a critical component [4]. To improve the audio qual-
ity, beamforming and noise removal filtering algorithms are 
frequently applied. Microphone array beamforming is a tech-
nique used to “aim” the microphone array in an arbitrary di-
rection to enhance the SNR. Such processing is linear and 

doesn’t introduce distortions or artifacts, such as musical 
noise [5]. For computational efficiency and low latency (com-
pared to adaptive filters), can be used delay-and-sum beam-
forming [2]. Due to its higher directivity the beamformer also 
reduces the reverberation in the captured audio, which im-
proves its quality as well. 

The mobile device in our case uses a fixed, time invariant 
beamforming approach and benefits from its advantages: the 
desired beam is designed off-line, and then a computationally 
efficient code is used to process signals in real time. This re-
sults in low CPU power requirements in run-time. 

Assuming that audio signal is processed in frames longer 
than twice the period of the lowest work band frequency, 
combining the signals from all sensors is just a weighted sum: 

  (1) ( ) ( ) ( )
1

1

M

m m
m

Y f W f X f
−

=
= ∑

where Wm(f) are the frequency-dependent weights vector for 
each sensor m and Y(f) is the beamformer output. In real sys-
tems the set of vectors W (f) is an N×M complex matrix, 
where N is the number of frequency bins in a discrete-time 
filter bank, and M is the number of microphones. For each set 
of weights W(f), there is a corresponding beam shape B(c, f), 

 
Fig. 3. Microphone magnitude response 

 
 

Fig. 2. Microphone directivity pattern 
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which is the beamformer complex gain as function of the 
sound source position: 
  (2) ( ) ( ) ( ) ( )

1

1
, ,

M

m m m
m

B f c W f D f c U f c
−

=
= ∑ ,

n

n

were, Dm(f, c) represents the delay and the decay due to the 
distance to the microphone [4]. The beam shape function 
represents the beamformer directivity. 

Designing the microphone array beamformer means to cal-
culate an optimal, in one or another way, matrix of weights 
Wm(f) in (1). One of the criteria for optimality can be the 
weights to provide maximal noise suppression, i.e. they mini-
mize the noise level in the output signal. Another is a specific 
shape of the beam directivity. 

In our particular two-element microphone array, the beam-
forming combination of the input signals (1) takes the form: 

  (3) 
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where the indexes F and R denote the two opposite micro-
phones (Front and Rear), n is the frame number, and k is the 
frequency bin number. In the need of signal enhancement, 
regarding the typical usage scenarios of the handheld device, 
we want to capture from both front and rear directions, form-
ing beamshape like figure 8. “Figure-8” criterion for the beam 
design maximizes signal captured from both directions (front 
and rear) and naturally suppresses sounds coming from the 
sides – usually ambient noise. The analytic expression, de-
scribing the beam design criterion is: 

 
( ) ( )( )

( ) ( )( ),
max
FF FR

FF F FR R
L

Fconst W W
FF F FR R

S

W X W X d
Q

W X W X d
θ

θ

θ θ θ

θ θ θ
∈

∈

⎛ ⎞+
⎜ ⎟

= ⎜ ⎟
+⎜ ⎟

⎝ ⎠

∫

∫
 (4) 

where θ is the incident angle of signal source and L and S de-
note the listening and suppression areas. For “Figure 8” beam 
we choose L to be ±Δθ around directions 0O and 180O. For 
suppression area we choose ±Δθ around 90O and 270O.  

The problem of maximizing the criterion above should be 
solved as an optimization task, under constraints of unit gain 
and zero phase shift for sounds coming from the focus points 
for the working frequency band [3]. This leads to typical non-
linear constrained minimization problem. The constraints can 
be added as punishing functions, converting the constrained 
minimization problem to non-constrained. After this a well 
known optimization method, as steepest gradient descent, can 
be used to find the solution. 

Designing the “Figure-8” beam is a one-time optimization 
process of determining the beamformer weights according to 
the criterion above. Once determined these weights are used 
as-is during normal operation of the handheld device. 

IV. RESULTS 

The beamforming design technique presented in the previ-
ous sections is an off-line design procedure, which produces 
the corresponding near-optimal beam weights for maximum 
signal capture from both front and rear. Those are used in the 
real-time processing engine in the following way: for each 

incoming frame containing N signal samples from each mi-
crophone, we compute the short time spectra by weighting 
and converting to frequency domain (e.g. using FFT or the 
modulated complex lapped transform [6]). We then apply the 
optimal weights using (3) and compute the output signal spec-
trum. We then use the standard overlap and add procedure to 
generate the time domain signal. Note that the computational 
complexity of (3) is low and the off-line beam design lowers 
the run-time CPU requirements. 

Normal usage of the handheld device (for example, in a 
camcorder mode) suggests necessity for best signal capture of 
sound coming from front and rear of the device. The optimiza-
tion procedure generated weights forming “Figure-8” beam 
shape. Its directivity pattern (Fig. 4 shows it for 1000 Hz) 
resembles digit 8, whence its name comes. The magnitude 
response (Fig. 5) shows no frequency dependence. 

For evaluation of the performance of the so designed beam-

former, we used an evaluation set of test records, containing 
human speech in various scenarios and noise conditions. The 
evaluation set consists of 16 three channel files, containing the 
signals captured from the front and rear microphones of the 
device and a reference channel, captured with a close talk mi-
crophone. Each recording is 45 seconds long. These records 

Directivity Pattern: Figure-8 

 
Fig. 4. Beam directivity pattern 

 
Fig. 5. Beam magnitude response 
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contain either male or female voices, contaminated with two 
different types of noise (stationary office noise and human 
speech in the background). The scenarios of speech source 
positions and noise type mimic the most common hands-free 
modes for use of the mobile device without a headset: 

• Speaker one meter in front of the handheld device 
(telephone mode); 

• Speaker one meter in rear of the device (video-
phone mode, recording near user speaking); 

• Speaker five meters in rear of the device (camcor-
der mode, recording far user speaking); 

• Two alternating sources – five meters in front and 
one meter in rear of the device, respectively (cam-
corder mode, recording a dialog). 

The performance of the designed beamformer was evalu-
ated in comparison with single microphone mode. In this 
mode is used the most appropriate microphone (front or rear) 
without any processing. 

In our evaluation of the beamformer performance, two met-
rics were used. The first is Signal-to-Noise Ratio (SNR), 
which gives the proportion of the wanted and unwanted sig-
nals. For classification of the frame as “signal” or “noise”, the 
reference channel was used. The SNR is the proportion of the 
averaged energy during the “signal” and “noise” frames. This 
metric gives an indirect estimate of the sound quality. Mean 
Opinion Score (MOS) – ITU-T P.800 was used as a primary 
metric for the quality of the output signal after processing. 
This is a dimensionless quantity with values ranging from 1 to 
5. It gives an estimate of human perception of sound quality. 

Estimating MOS with real humans is long and expensive 
procedure, involving many humans listening to the records 
and giving their subjective opinion. For this reason, MOS is 
not suitable for use during the stage of algorithm develop-
ment. We used objective Perceptual Evaluation of Sound 
Quality (PESQ) – ITU-T P.862. It produces similar results to 
MOS results in the same scale (from 1 to 5) to give an esti-
mate of human perception of sound quality too. We used the 
MatLab implementation of PESQ algorithm [7] which re-
quires reference channel. 

Evaluating the entire test set records with our “Figure-8” 
beamformer in comparison with single microphone mode 
gives the average values shown in Table I. The particular re-
sults for each of the test case scenarios vary, having different 
contribution to the average improvement shown. The scenar-
ios in which the sound source is at a distance of 1 m from the 
device (in front and in rear) show almost no difference be-
tween single microphone and “Figure-8” modes in MOS, but 
significant improvement in SNR (due to higher level of ambi-
ent noise suppression). For the rest of the scenarios, “Figure-
8” shows substantial improvement in both metrics. The aver-
age improvement in SNR due to beamformer usage only is 
14.95 dB. The primary MOS metric shows 0.29 MOS points 
improvement in human perception of sound quality. 

 
 

 

 

TABLE I 
AVERAGE EVALUATION RESULTS 

Mode MOS SNR [dB]
Single Microphone 2.216 5.88 

Figure-8 2.506 20.82 
Improvement 0.290  14.95 

V. DISCUSSION 

The need to present clean sound inputs to today's real-time 
communication and speech recognition engines has fostered 
large amount of research in the areas of noise suppression, 
microphone array processing, acoustic echo cancellation and 
methods for reducing the effects of acoustic reverberation. 

In this paper, we described a microphone array for hand-
held devices, consisting of two directional microphone ele-
ments pointing to opposite directions. The microphones are 
used in an array configuration, which after processing forms a 
“Figure-8” beam, optimized for maximum signal capture from 
front and rear of the device. This enhanced sound capture sys-
tem was evaluated in close to real conditions and gave well 
audible improvement in MOS (0.29 points) and in SNR 
(14,95 dB). The cost of this improvement is usage of one 
more microphone, some CPU power and operational memory 
for processing the algorithmic computations. 

In general, our technique achieves improvement in signal 
quality with reasonable resources. Further improvement in 
captured signal quality can be achieved by combining suitable 
pre-processing and post-filtering algorithms in addition to the 
microphone array beamformer. 
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The Application of Support Vector Machines for 
Classification of Audio Signals 

Nataša Reljin1, Dragoljub Pokrajac2 

 
 Abstract — Identifying and classifying audio content is of 

great importance nowadays. There exists very large pool of 
audio signals, which need to be automatically classified. In this 
paper, we used wavelet descriptors for characterizing short 
music sequences, and performed classification based on linear 
support vector machines (SVM). Performed experiments 
provided good results with classification accuracy of more than 
76%. 

Keywords — Audio signals, wavelets, support vector machines, 
classification, confusion matrix. 

I. INTRODUCTION 

The quantity of multimedia information (audio, video, 
pictures,…) stored in digital form increases on daily basis. 
Faced with such large pool of information, a human user 
encounters several challenges: how to find specific 
multimedia information based on content description; how to 
recognize and retrieve desired information fast; how to 
determine category to which novel content belongs; to which 
data it is similar? Indeed, fast recognition, retrieval and 
classification of multimedia content are current research 
topics [1-9]. Among all different types of multimedia 
information, in this paper we concentrate on audio signals and 
their classification.  

To perform efficient classification, it is important to 
identify relevant features that describe audio signals and help 
distinguish signals belonging to different categories of 
interest. Ideally, we are interested in detecting a small number 
of features bearing a bulk of information necessary for 
classification. The features of interest should have similar 
values for objects in the same category, and significantly 
different values for objects in distinct classes.  

Humans perform classification of sounds based on 
subjective criteria such as whether melodies sound alike, and 
use similarity in music categories such as rhythm, tonality, 
etc. In general, every musical sound has a specific timbre that 
results in highly complex signals [2]. Signal analysis and 
processing apparatus is necessary to extract descriptors 
suitable for automatic characterization of music sounds. 
Fourier analysis is widely used technique for describing 
similarities between long sequences of stationary signals 
composed of sine waves. Although it is used as a description 

tool in MPEG-7 compression standard [2], this method is not 
well suited to describe very specific features like those in 
mainly non-stationary polyphone musical fragments. For 
instance, when analyzing a signal by using a large window, 
the frequencies cannot be sufficiently resolved in time. In 
contrast, when using a small window, a fine time resolution is 
possible, but, low frequency components can no longer be 
identified. This means that for retrieving audio signals, which 
are time-varying, highly irregular and non-stationary, Fourier 
analysis is not capable of providing information about all 
frequencies contained in some sequence. In addition, this 
analysis does not provide any temporal information 
whatsoever. Furthermore, practical reasons dictate the use of 
short subsequences for retrieving audio material. When 
applying the Fourier analysis on these sequences, high 
resolution is not possible. For all these reasons, the use of 
wavelet transform (WT) is proposed [10]. WT provides multi-
resolution analysis in both time and frequency domains. This 
way, details or global trends that cannot be identified in one 
resolution, could be detected in another. Wavelet transform is 
capable of distinguishing very small and delicate differences 
between signals, even from short fragments. Consequently, 
the wavelet transform is recognized as a powerful tool for 
identifying and describing audio content [2]. In our related 
research, we determined that four parameters from nine WT 
decomposition levels— maximum, minimum and their 
positions with respect to the beginning of the piece (a total of 
36 features) — are sufficient for describing audio sequence 
[9]. In this paper, we use the same WT parameters to form 
feature vectors, which are associated to each music piece from 
the database. Each piece is assigned to one of the two classes 
according to the title of the song. After the dataset is formed, 
we train the classification model – a linear support vector 
machine. To evaluate the accuracy of the proposed classifier, 
we perform K-fold cross validation and use confusion matrix 
as a measure of classification performance [11-12].  

1Nataša Reljin is with Delaware State University, AMTP Dept., 
1200 N DuPont Hwy, Dover, DE, 19901, USA, E-mail: 
natasa.reljin@gmail.com 

2Dragoljub Pokrajac is with Delaware State University, CIS Dept., 
AMTP Dept. and CREOSA, 1200 N DuPont Hwy, Dover, DE, 
19901, USA, E-mail: dpokrajac@desu.edu 

The paper is organized as follows. Section II describes 
feature extraction using wavelets. In Section III we present 
classification methodology in more details, followed by 
experimental results in Section IV. 

II. FEATURE EXTRACTION USING WAVELETS 

In this section we describe extraction of relevant features 
for classifying musical sequences by means of wavelet 
coefficients. Wavelets are mathematical functions that split 
data into different time-frequency components, and then 
analyze each component based on a resolution matched to it 
[10]. Moreover, individual wavelet functions are localized in 



 

time, which is quite different from Fourier transform. Such a 
property of wavelets makes time-frequency analysis possible.  

The continuous wavelet transform (CWT) transforms a 
continuous, square-integrable function f(t), into a function 

),( τψ sW  of two continuous real variables: translation, τ, and 

positive scale s, defined as: 

∫
∞
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As we can see, a basis wavelet is translated and scaled 
wavelet function )(tψ . A wavelet function )(tψ  is a zero-
mean waveform confined in time (i.e., with limited duration). 
Scale s allows the compression or expansion of function: the 
larger scale factor the more substantial expansion in time. 
This way, analysis of observed signal on different frequency 
scales may be performed. By changing the translation 
coefficient, τ, wavelet moves along the temporal axis, 
permitting the analysis of entire signal f(t) in time domain.  

In practical applications, scale and translation changes are 
discrete. Typically, a binary (or dyadic) scaling system is 
used, where scale and translation are related through an 
integer k: , and . Hence, the wavelet function 
can be expressed as: 

ks 2= lk2=τ
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lk ,);2(2)( 2/

, ψψ .         (3) 
Discrete wavelet transform (DWT) is obtained by 
discretization of time such that ,, Zmtmt ∈Δ⋅=  and by 
replacing integral in Eq. (1) with infinite sum:  

∑
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where discretized wavelet functions are defined by Eq. (3). 
When performing a wavelet decomposition, the mother 

wavelet and its s-scaled replicas are shifted along the entire 
signal f(t). For each scale, a wavelet transform is calculated 
along the whole shift τ. For one-dimensional signals, e.g., 
audio sequences, the wavelet decomposition results in 
approximation and details components. Signal f(t) is 
convolved with low-pass filter followed by downsampling for 
obtaining approximation, and with the high-pass filter 
followed by downsampling for detail component. In the next 
step, approximation component splits into new approximation 
and detail components by using the same procedure, and so 
on. Coefficient k determines number of details: for example, 
k=2 means that in first step approximation (a1) and detail (d1)  
components are obtained; while in the second (last) step, new 
approximation (a2) and new detail (d2) components are 
obtained from approximation component a1.  

To describe music sequences, several different wavelets 
and wavelet families were considered in [2], as well as a 
variety of WT parameters. Here, we use a Daubechies wavelet 
of order 4 (db4) [2], [9]. Note that this wavelet does not have 

an explicit mathematical representation, but can be obtained 
from the roots of corresponding generating polynomial. To 
describe content of a music sequence, feature vectors are 
formed using the following four descriptors per each WT 
detail: maximum and minimum values, and their positions 
with respect to the beginning of the transformed sequence. 
One feature vector corresponds to one five-second 
subsequence of a musical sequence. To select relevant 
decomposition details, the characteristics of human aural 
system and properties of decomposition details are used. By 
listening different audio sequences we determined that a 
particular fragment may be recognized when high frequency 
content (corresponding to the first two details) is filtered out. 
On the other hand, high-order WT details (above the 11-th 
detail) consist of almost constant signals. Therefore, we 
decide to use WT details k=3 to k=11, i.e., total of 9 details 
and 4x9=36 features per example.  

Feature vectors are stored in a feature matrix, 
X={x(i,j)}={xi(j)}, where rows i=1,2,…,N correspond to 
examples—music pieces (subsequences), and columns 
j=1,2,…,d, to features (d=36 in our case). Thus, xi denotes a 
d-element feature vector corresponding to the i-th 
subsequence. 

III. SUPPORT VECTOR MACHINE CLASSIFIER 

Classification is a mapping of feature vectors into a set of 
discrete class labels using a classifier—a suitably chosen 
parametric model [12]. To perform classification, model 
parameters are determined through learning procedure using 
labeled training dataset. Subsequently, a classifier is evaluated 
by performing classification on a test set, consisting of 
examples unseen during the learning procedure. During 
testing, a class label prediction is obtained from the model 
output and classification accuracy is determined by its 
comparison with a known class label. 

Linear support vector machines (SVMs) belong to a group 
of generalized linear classifiers [12]. The main idea of support 
vector machines is to construct a hyperplane (e.g., a line in 2-
dimensional space), which separates points that belong to two 
classes, such that the minimal distance between points and the 
separation hyperplane is maximized. The distance between 
points closest to the separation hyperplane and the hyperplane 
is referred to as margin. Points which are at the minimal 
distance from the separation hyperplane are referred to as 
support vectors. Support vector machines use structural risk 
minimization principle [13] and strive to achieve zero training 
error while minimizing the complexity of the model by 
minimizing its VC dimension (VC dimension is inversely 
proportional to the decision margin which SVMs maximize). 
If the linear separation is not possible, SVMs minimize the 
number of misclassified examples on the training set by 
introduction of slack variables and regularization. 

Formally, SVM learning can be stated as the following 
quadratic programming problem [12]: 

92 



 

( )
.,...,1,0

,...,1,1

..
2
1min

0

1,,

Ni
Nicd

tsC

i

iii
T

N

i
i

T

doi

=≥
=−≥+

⎟
⎠

⎞
⎜
⎝

⎛
+ ∑

=

ξ
ξ

ξ
ξ

xw

ww
w

     (5) 

Here, w is vector orthogonal to the separation plane, d0 is the 
intercept of the separation hyperplane, ci∈{-1,1} is a class 
label of i-th example, iξ are slack variables and C is preset 
regularization constant. 

Using Karush-Kuhn-Tucker (KKT) theorem [12], SVM 
learning can be performed as the optimization in dual space of 
Lagrangian multipliers λi. The learning phase reduces to the 
following optimization problem: 

.,...,1,
,...,1,0

0

  wheremax

1

1 11

NiC
Ni

c

cc

i

i

i

N

i
i

N

l

N

j
j

T
ijiji

N

i
i

=≤
=≥

=

⎟⎟
⎠

⎞
⎜⎜
⎝

⎛
−

∑

∑∑∑

=

= ==

λ
λ

λ

λλλ xx
λ       (6) 

Classification of a new example xnew is performed as: 
( )0newc dsign new

T += xw ,       (7) 
which can be expressed using the Lagrangian multipliers as: 
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where Ns denotes number of support vectors (i.e., number of 
non-zero Lagrangian multipliers). 

Classifier performance can be evaluated by performing K-
fold cross-validation [12] and using appropriate performance 
metrics. In K-fold cross-validation, available dataset is 
randomly split into K disjoint subsets, the following 
procedure is repeated K times: different K-1 disjoint subsets 
are used for learning model parameters, and the remaining 
subset is used for model evaluation. This guarantees optimal 
use of available data to train the model and fair assessment of 
its classification performance. 

TABLE  I:  
CONFUSION MATRIX 

 True Class 1   True Class 2 
Detected Class 1 True Negative 

(TN) 
False Positive 

(FP) 
Detected Class 2 False Negative 

(FN) 
True Positive 

(TP) 
 
Performance can be measured using a confusion matrix, 

defined in Table I for a two-class problem. The confusion 
matrix provides summary for assignment of examples from 
each class to the predicted classes, using results from all K 
experiments in the cross-validation process. Based on the 
confusion matrix, the following performance measures are 
derived [11]: 

Precision=TP/(TP+FP)         (9) 
     Recall=TP/(TP+FN)       (10) 

     2 Recall PrecisionF value
Recall Precision
⋅ ⋅

− =
+

.        (11) 

Note that Precision is the fraction of test set examples 

correctly labeled as belonging to the class 2 divided by the 
total number of elements labeled to the same class by a model. 
Recall is the partial accuracy when classifying examples from 
the class 2, and F-value is the harmonic means of these two 
ratios. 

IV. EXPERIMENTS 

We created and used audio database consisting of examples 
from four musical sequences. The sequences correspond to 
two different songs, and each song was performed by two 
different performers. Songs are sampled at 44.1 kHz and 16 
bps. Each song is divided into pieces of 5 seconds, thus 
containing about 220,000 samples. One example in the 
database corresponds to each such music piece. In order to 
extract features, each piece was converted to mono and 
amplitudes are normalized to 1 [3]. 

We used the following songs: Take a Chance on Me, 
performed by ABBA1 and by Erasure2 (total of 49 pieces); 
and Something Stupid, performed by Frank Sinatra3 and by 
Robbie Williams4 (total 59 pieces). As an illustration, Fig. 1 
shows a five-seconds music piece, which corresponds to a 
subsequence from the 10th to the 15th second of the ABBA’s 
Take a Chance on Me, and its first 11 WT details (from top to 
down).  

We assigned examples from Take a Chance on Me a class 
label -1 (referred to as class 1 in Table I), while the other song 
examples are assigned class label +1 (corresponding to the 
class 2). To balance classes, we use technique of under-
sampling [14], where random 10 samples from a majority 
class were discarded. 

For each piece from the dataset, we performed one-
dimensional db4 wavelet transform, used details from 3 to 11 
and selected wavelet descriptors (max, min and their 
positions) as features, thus constructing feature matrix as 
described in Section II.  

We varied regularization parameter C, and for each 
parameter value we trained linear support vector machine. We 
applied K-fold cross-validation with K=10, and used 
precision, recall and F-value metrics as defined in Section III 
to evaluate the classification performance. The summary of 
results is given on Table II. 

Regularization parameter C specifies trade-off between 
minimizing training-errors and model complexity. By 
changing the value of C, we could control to which extent 
misclassified points have influence on training. With C=1e6, 
1e9 we achieved 100% percent classification accuracy on 
class 1 (precision is 1). The higher C initially led to 
improvement of recall (classification accuracy of class 2) 
which reached 76.5% for C=1e9. Subsequent increase of C 
worsened generalization performance, as reflected by 
decrease of all three observed performance measures.  

Obtained classification accuracy compares well with results 

 
1 ABBA, The Album, Sweden, 1977. 
2 Erasure, Erasure Pop!: The First 20 Hits, 1992. 
3 Frank Sinatra, The World we Knew, Warner Music Group, 1967. 
4 Robbie Williams, Swing when you’re Winning, EMI Int’l, 2001. 
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reported in [9]. There, using a different dataset, we 
demonstrated identification and retrieval of a music piece 
with accuracy of 60%, by using neural networks. In contrast, 
by using linear SVM classifiers, here we report partial 
classification accuracies of 76.5% and 100%. For fair 
comparison, however, the techniques to be compared should 
be evaluated on the same databases. 
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Fig. 1. Music sequence from ABBA’s song Take a chance on Me, 

and its first 11 details 
TABLE  II 

PERFORMANCE MEASURES 

C Recall Precision F-value 
1e6 0.73469        1 0.84706 
1e9 0.76531        1 0.86705 
1e12 0.69388       0.96333        0.8067 

V. CONCLUSION 

For describing short audio sequences, wavelet coefficients 
are very useful descriptors, since they can capture very small 
and delicate differences between time-varying signals. By 
using linear support vector machines, an accurate 
classification of audio sequences can be performed (partial 

accuracies of 76.5% and 100% for a two-class problem). Our 
work in progress involves expanded datasets and using SVM 
classifier in transformed space. Also, we will experiment on 
multi-class classification using generalized SVM paradigm. 
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Investigation and Implementation of a Method for 
Extracting and Recognizing of the Digitalized Voice 

Sequence 
Vladan Vučković1 , Milena Stanković2 

 
Abstract - This paper analyses theoretical and implementation 

details of the efficient method for extracting and recognizing of 
the isolated speech sequence. In theory, there are many methods 
and approaches covering this domain. We have extracted and 
presented some of them, especially Dynamic Time-Warping and 
Hidden Markov Models approach. Implementation details 
connected with the machine isolated speech recognition in real-
time are also concerned. The main principles and algorithms are 
implemented in author’s experimental voice command processor 
– AREX. 
 

Keywords - Digital speech processing, Machine speech 
sequence recognizing, Acoustic structure of speech, Digital 
voice spectrogram. 

I.  INTRODUCTION 

The machine recognition of the isolated speech sequence in 
real time is one of the most propulsive hi-tech development 
directions today. There are numerous applications and 
algorithms [1]. The main and common goal is to create and 
human-friendly voice guided interface for computers. This 
simple goal generates a huge amount of problems in 
realization, so we could say that there is not yet such a system 
today – the keyboard or mouse are still main input peripheral 
devices for computers. Theoretically, human speech contains 
many characteristics that are specific to each individual, many 
of which are independent of its semantic level. In speech 
recognition, they are generally considered as a source of 
degradation or noise. But, the biometric characteristic of 
speech could help listeners to recognize the speaker identity 
very quickly even over the week communication lines, like 
phone. The machine system-recognizing speakers rather than 
speech have been the subject of much research over the last 
two decades, and commercial systems are already in use.  

Speaker recognition is a generic term for the classification 
of a speaker's identity from an acoustic signal [2]. For speaker 
identification, the speaker is classified as being one of a finite 
set of speakers. From the other hand, in the case of speech 
recognition, this will require the comparison of speech 
characteristics with a set of references for each potential 
 speaker. For the case of speaker verification, the speaker is 
classified as having the system identity or not [3]. 

1,2 Vladan Vuckovic and Milena Stankovic are with the Faculty of  
Electronic Engineering, Aleksandra Medvedeva 14, University of 
Nis, Serbia,  Emails: vld@elfak.ni.ac.yu ;  mstankovic@elfak.ni.ac.yu  

In this case, the goal is to automatically accept or reject an 
identity that is claimed by the speaker. As for the case of 
speech recognition, speaker recognition could implement 
different kind of applications of Hidden Markov Model 
(HMM) technology [4],[5]. The resulting approaches for these 
two application areas are very similar. In speaker recognition, 
each speaker is represented by one or several specific HMMs. 

However, the main goal of this paper is speech recognition, 
independent from a concrete speaker. In the following 
sections, we pointed out, that there is one alternation for 
isolated speech recognition that is called Dynamic Time- 
Warping method [6],[7]. Of course, there are many other 
experimental approaches like artificial neural networks or 
chaotic fractal modeling, but we will focus on mentioned 
approaches. Digital voice signal separation and isolation is 
one of the most challenging problems in auditory perception. 
Good solution for many signal separation problems is 
necessary to improve the accuracy of automatic speech 
recognition systems in practical applications. 

As technology for automatic speech recognition is 
transferred from research level into practical applications, the 
need to ensure robust recognition in a wide variety of 
acoustical environments becomes very important. Also, we 
could add that algorithms designed to handle the unknown 
additive noise and unknown linear filtering are numerous; 
today's applications also have good performance in many 
more difficult environments like: speech in high noise, with 
low signal-to-noise ratios (SNRs), in the presence of 
background speech or music etc. But, much investigation in 
this field still needs to be preformed. 

The aim of this paper is to investigate some standard and 
advanced possibilities for real-time speech recognition. Some 
theoretical approaches like HMM, dynamic-time warping, 
support vector machines (SVM) [8],[9], gender separation 
[10] are briefly presented. Based on some of those 
approaches, in the second part of the paper the 
hardware/software of the author’s application AREX for the 
real time digitalization, segmentation and recognition of the 
isolated voice sequence are presented [11]. 

II. THE BASIC METHODS FOR ANALYZE OF THE 
DIGITALIZED SPEECH SEQUENCE 

The basic methods for automatic recording and analyzing 
of the acoustic structure of vowels will be presented in this 
Section.  
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A.  Hidden Markov Model (HMM) 
 

The Markov’s stochastic process of the first degree is 
characterized with causal probability and could be represented 
with the next relation [5]: 
 

p[x(k)|x(k-1),x(k-2),......,x(0)] = p[x(k)|x(k-1)]             (1) 
 
where x(n), n=0..k represents samples of the stochastic signal.  
The previous relation shows that probability that some sample 
gets value x(k) depends only from the last sample x(k-1) but 
not on all previous samples. Based on that relation, the 
Markov’s signal x(k) could be defined with next recurrent 
relation: 

 
x(k+1) = ax(k)+bv(k)                                    (2) 

 
where labels a and b are constants and v signal of the white 
(Gauss) noise. The causality of the previous state enables the 
definition of the finite state machine representing the HMM. 
So, HMM represents double stochastic process that generates 
sequence of symbols fitting the input sample. In that way, 
using the HMMs, the real speech could be represented as the 
series of the stochastic processes. Each of these processes 
could be defined as the one state in HMM. The change from 
one state to another is characterized with causal probability.  

The next figure (Fig.1.) represents a paths through the one 
HMM. The speech recognition process starts for state 1, 
finally with state 6, where machine decides which signal is 
recognized. The hidden Markov models could be divided into 
the three categorizes: continual HMM (CHMM), Discrete 
HMM (DHMM) and half-continual HMM (SCHMM). 
 

 
Fig. 1.  The paths through the HMM (trellis diagram) 

 
The method of recognition of the speech signal has a list of 
following steps [4]: 
 

• In the phase of pre-processing of the speech signal, 
the serious of the spectral components are generated. 
This is an input vector X with length L. 

• Next phase is to determine probability that input 
vector X is a part of some pre-defined models in 
HMM. For that reason the Baum-Welth algorithm [4] 
is used, this algorithms determines the optimal path 
through the HMM, based on input signal. 

• For the HMM learning or upgrading purposes, the 
Viterbi method [5] is used. 

 

B.  Acoustic parameters 
 

In speech recognition, the main goal of the acoustic 
processing module is to extract features that are invariant to 
the speaker and channel characteristics, and are representative 
of the lexical content. Speaker recognition requires the 
extraction of speaker characteristic features, which may be 
independent of the particular words that were spoken. There 
are many characteristics that could be used for those purposes. 
Such characteristics include the main properties of the spectral 
envelope – for instance, the average formant positions over 
many vowels (F1,F2,F3) or the average range of fundamental 
frequency (F0). 

There are many methods for extracting such a features. The 
first method is spectrogram based on the usage of the 
spectrograph - device composed of electronic amplifiers and 
mechanical drawers, which are able to draw the harmonic 
structure of the pronounced word. In modern devices the new 
digital technique is used and programs (Fourier 
transformations) calculate specific spectral components 
[1],[11].  

The results and diagrams are printed using standard 
peripheral devices - printers and plotters. The second 
important method, which will be mentioned, is 
phonetography. The phonetogram is two-dimensional 
representation of the specific acoustic parameters of the 
pronounced vowel. The horizontal axis contents the values of 
the fundamental frequency F0, and the vertical axis contains 
values of the sound intensity (SPL - Sound-Pressure Level). 
Each pixel in this array could have different intensity that is 
represented by appropriate color and density. The generation 
of the phonetogram is parallel with their pronouncing. Besides 
fundamental frequency and SPL, the system computes jitters 
in F0 as the measurement of the signal disequabling, the SPL 
difference among 0-1.5 kHz and 1.5-5kHz scopes as the 
measurement of the "sharpness" of the signal, and a quantity 
above 5 kHz as the criterion of the noise presence in the 
signal.  Bloothooft has developed the device for the automatic 
generation of the phonetogram [1]. The central computer used 
in the original version is PDP 11/10 replaced with modern PC 
nowadays. The next picture presents the original diagram of 
the device (Fig.2.): 
 

 
Fig. 2. Diagram of the automatic digital device for the phonetogram 

generation 
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The device runs in the similar way as the digital 
spectrograph. The signal from microphone is conducted 
through  the  automatic gain level control unit (AGC) to the 
system of parallel-connected analogue filters which function 
is to mark off the peaks and frequent scopes from the speech 
signals. The filters are connected with main computer via 
interface processing the received data and generating the 
phonetogram. The phonetogram may be used for medical 
purposes as well as the base for realization of the automatic 
voice recognition algorithm. The phonetogram reflects the 
picture attained from the speech signal transformed into the 
two-dimensional graphical representation so the recognizing 
of the speech adds up to the pattern recognition. The standard 
algorithms (for instance pattern matching) could be used for 
recognizing purposes. The usage of phonetogram as the basic 
data structure is the new interesting approach in the speech 
recognizing research array. 
 
C.  Improving Speech Recognition using Gender Separation   
 

Most characteristics of speech are highly speaker 
dependent, and probability distributions in HMM suitable for 
a certain speaker may not be suitable for other speakers. The 
good examples of speaker-dependent parameters are between 
male and female vocal tracts, age group, differences in 
regional accents etc.  In basic approaches of training 
independent speaker models these parameters are not 
considered, they try to be focused on common features. In 
training phase, these systems are tuned to the statistically 
include statistics over many speakers. Male and female 
speakers can be trained to improve the recognition 
performance given enough training data separate models. 
There are some good practical systems, which are improved 
from adding gender-dependent parameters [10]. 
 
D.  An Support Vector Machines Model for Isolated Word 
      Speech Recognition 
 

There are a few classic acoustic-modeling approaches for 
speech recognition; e.g. HMM, neural networks, stochastic 
segment models... The recognition rates of the systems that 
are based on these classic models have been limited due to 
computational complexity or model limitations. Support 
vector machines (SVM) are one of the most successful 
modeling strategies in pattern classification problems [8]. This 
success is connected to SVM capability to make a good 
balance between learning and generalization characteristics 
[9].  

There are a few main additional ideas that outstands SVM 
from  other linear discriminator pattern recognizers. 
SVM contains just the training samples near  the boundary to 
represent the classification borders; it employs not all the 
training samples. The parameters of the boundary are mainly 
estimated by the training samples whose classes are not 
obvious. Hence, the classifier focuses on potentially 
misclassified samples. The recognition error rate is optimized 
by maximizing the margin distance among classes in the 
estimation phase in contrast to probability density estimating 
procedures (e.g. HMM, MLP, etc. [9]), which normally 

minimize the mean square error through all samples. Selection 
of the boundaries to maximize the margin between two classes 
makes the generalization capability of the system optimal base 
on a given the known training samples. The SVM classifier is 
also able to handle nonlinear boundaries in complex feature 
spaces that are another advantage of them.  
 
E. Human Audio Perception Model for Signal Separations 
 

The human auditory system uses a number of well-defined 
cues to separate and isolate individual sound sources in a 
complex acoustical environment [2]. The use of these cues to 
achieve acoustic sources grouping and signal separation and 
solution should be very useful in improving the accuracy of 
automatic speech recognition in very difficult environments 
(background music and noise). This researching area is very 
benefit and has become a goal of several research groups in 
computational auditory scene analysis. Unfortunately, the 
analyses of the human perception is widely interdisciplinary 
approach, connected with behavior medical investigations, so 
we are still quite a far from the first concrete implementations 
in automatic voice separating [2]. 

III.  THE APPLICATION FOR AUTOMATIC VOICE 
SEQUENCE SAMPLING AND RECOGNIZING 

The authors have developed the application named A.D.S. 
v2.0 for the some medical research of the stress influence to 
the parameters of the human speech [11]. As the part of that 
program system, the separation procedure is developed. The 
basic idea is similar with using of the phonetogram although 
the different set of features is used. In our application we use 
primary two characteristic simultaneously: the energetic and 
frequency. As the improvement of this basic application, the 
AREX application is developed [11]. The AREX has 
recognizing feature added. As the empirical results show, this 
approach implicates much faster execution compared to the 
previous methods. The success ratio is relatively high (above 
95%) in respect of simplicity and running speed of the 
program. Of course, there is potentional for further 
improvements of the algorithm but the main conception is 
successfully sustained. After that determination, the wave 
period could be automatically recognized consulting the wave 
shape database using the standard pattern-matching algorithm.  
 
A. The Realization of the Hardware 
 

The hardware subsystem that supports AREX application 
for isolated speech sequence recognition consists of personal 
computer equipped minimally with 1.8Ghz CPU. The solution 
for automatic sequence determination is based on amplifying 
and filtering of the input signal. The analogue signal is 
parallel conducted though Sound Blaster and impulse 
recognizer using the Busy line of LPT printer port (Fig. 3). In 
that way, the speech signal generates two features; one is 
sampled signal (16-bit, 22kHz) and the other is serious of 
impulses through the stabilizer 7805, which acts like voltage 
limitator [11]. 
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Fig.3. Support Hardware for AREX 
 

The application scans LPT 500 times per second, and 
calculates changes in frequency. If these changes are rapid or 
exceeds pre-defined threshold, the interval is determined. 
 
B. Dynamic Time Warping 
 

Dynamic Time Warping has much simpler theoretically 
basis compared to HMM, so it is very well suited for the 
systems with low processing power [6]. This method is used 
for one dimension signal recognizing which is exactly the 
speech signal. The procedure tries to shrink or exceed some 
parts of the input signal in order to fold the original and 
database pattern. The variations in the input voice signal are 
unavoidable so method is very good in their handling. 

The process is illustrated in Fig. 4.: 
 

 
Fig. 4.  Dynamic Time Warping 

 
The Fig.4. (a) shows the original and database signal before 
the processing. and the Fig.4. (b) after it. After the dynamic 
time warping, a pattern matching recognition is employed. 
This method is very fast and is the basic algorithm in AREX 
[7]. 
 
C.  AREX – Voice Recognition Application 
 

The program AREX is the application for machine 
recognition of the isolated speech sequences and execution of 
the corresponding pre-programmed commands (Fig.5.): 
 

 
 

Fig.5. AREX for Windows 

The application performs like voice driven command 
processor. It is speaker independent recognizer. Using the 
hardware subsystem, the application is very fast and reliable. 
The separation method is based on rotating arrays and 
recognizing on time-warping method with large amount of 
digital pre-filtering [7],[11].  

IV. CONCLUSION 

This paper describes the theoretical bases of the efficient 
methods for extracting (separating) and recognizing of the 
digitalized voice sequence. In this propulsive researching 
domain, there are numerous theoretical approaches and 
algorithms. Some of them are briefly inspected in the paper. 
The main intention of this paper is to give the concrete 
empirical contribution to the research field of the fast voice 
sequence analyzing and automatic recognizing on PC 
machines. As the practical part, the AREX application, based 
on time-warping method is developed. The supporting 
hardware and software are also included. The application 
proved to be very good bases for the future research of the fast 
recognition algorithms. 
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Adaptive Processing of Latent Fingerprints 
Roumen Kountchev1, Vladimir Todorov2, Roumiana Kountcheva3

 
Abstract- In the paper is presented one new method for image 

quality enhancement of latent fingerprints. The aim is to 
equalize the uneven background and to improve the visual image 
quality, retaining the fingerprint minutiae. The processing 
comprises two main steps: 2D linear image filtration with sliding 
window, followed by image segmentation. The size of the filter 
window is relatively large and in result, the image background is 
suppressed but the sharp brightness transitions are retained. 
The image segmentation is based on the “triangle” algorithm, 
modified for this application. The quality of the binary image, 
obtained in result, facilitates the fingerprint matching. 

Keywords- Fingerprints processing, background filtration, 
image segmentation 

I. INTRODUCTION 

The matching of latent fingerprint images depends on their 
quality to a high degree. Various techniques had already been 
developed, comprising image histogram modification, image 
filtration, etc. [1, 2, 3]. The histogram modification is usually 
based on the famous algorithms for global or local histogram 
equalization, auto equalization, or contrast enhancement [4, 5, 
6].  Most of the methods are aimed at the fingerprint itself, 
retaining or slightly changing the image background.  
Different filtrations are used as well, but in most cases the 
computational complexity is too high or some of the 
important features are lost in result of the processing [7]. The 
method “Wavelet Scalar Quantization” (WSQ), had been 
adopted by the Federal Bureau of Investigations (FBI) as its 
standard for fingerprint compression [8,9]. It involves the 
Discrete Wavelet Transform (DWT), adaptive scalar 
quantization of the wavelet coefficients and a two-pass 
Huffman coding. The computational complexity of the 
method is high and the compression is lossy.   

The new approach, presented here, is aimed at the 
background equalization, retaining the most significant part of 
the processed image, i.e. the fingerprint. In result, the visual 
image quality is significantly improved, without affecting the 
fingerprint minutiae. 

The paper is arranged as follows: Section II is focused on 
the algorithm for image background equalization; in Section 
III the principle of the algorithm for image segmentation is 
considered in detail; Section IV presents some of the 
experimental results obtained, and Section V is the 
conclusion. 
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Ohridsky 8, Sofia 1000, Bulgaria. E-mail: rkountch@tu-sofia.bg 
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II. BACKGROUND EQUALIZATION WITH 2D 
LINEAR DIGITAL FILTRATION 

The background equalization is necessary, because it 
makes easier the next operations – the detection and the 
segmentation of the fingerprint. For the processing is used 2D 
linear digital filter of non-recursive kind [10], modified for 
this application and presented by the relation: 
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Here x(i,j) is the brightness of the element (i,j) from the 
non-corrected image (before the uneven illumination 
correction); z(i,j) – the brightness of the element (i,j) from the 
corrected image;  - the mean brightness of the non-
corrected image;  - the mean local brightness in the 
window around the pixel x(i,j); 
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)N()N( 1212 21 +×+ ; g – coefficient, representing the 
contrast enhancement applied at the small details in the image 
( 1≥g ). The value of is defined by the relation: xμ

)xx(μ minmaxx −=
2
1 ,                             (2) 

where xmax and xmin are correspondingly the pixels with 
maximum and minimum brightness value in the processed 
image.  

The filtration, presented with Eq. (1) could be accelerated, 
transforming the processing in a recursive form, as follows: 
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   (3) 

Then, from Eqs. (1) and (3) follows: 
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L
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   (4) 

The number of components in the last equation is always 
11 and does not depend on the filter window size 

)N()N( 1212 21 +×+ . In case that 11 21 >>>> N and N  
the number of operations becomes:   

2121 N .N .36.0]2)1N2()1N2[(
11
1

≈+++=η .             (5)  
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For example, for  and using Eq. (5) is 
calculated 

63NN 21 ==
1429≈η , i.e. the number of additions necessary 

for the recursive filter performance is more than 1400 times 
smaller.  

For further simplification of the processing it is possible 
instead of applying one, two-dimensional filter to apply two, 
one-dimensional filters - the first one in the horizontal 
direction and the second one in the vertical direction, 
represented with the relations: 

,μ])nj,i(y
)N(

)j,i(y[g)j,i(z

;μ])j,mi(x
)N(

)j,i(x[g)j,i(y

y

N

Nn

x

N

Nm

++
+

−=

++
+

−=

∑

∑

−=

−=

2

2

1

1

12
1

12
1

2
2

1
1

    (6) 

where , and y(i,j) is the pixel (i,j) of the image 
obtained in result of the first filtration (in horizontal 
direction), with mean brightness 

21 ggg ×=

xμ  and z(i,j) –the pixel (i,j) 
of the image obtained in result of the second filtration (in 
vertical direction), with mean brightness . By analogy 
with (4) the equations (6) are presented as follows: 
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where:   
1212 2121 +=+=×= NL  ,NL   ;LLL  21  . 

In result, the filtration is significantly accelerated because 
of the reduced number of performed operations:  
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If , then 63NN 21 == 85≈η , i.e. in result of the recursive 
approach the number of additions is more than 80 times 
smaller. The algorithm efficiency is additionally enhanced in 
result of the double use of same filter. 

The described filtration causes some distortions at the 
image edges. In order to avoid this, the matrix of the 
processed image should be artificially made larger [11] 
adding pixels in both directions (horizontal and vertical) and 
then the size of the original matrix 21 MM ×  
becomes )NM()NM( 2211 22 +×+ . The easiest way is to 
add zeros in both directions, but in result in the processed 
image are usually obtained some distortions, known as zero-
padding artefacts. The better way is to use image replication 
of size equal with that of the filter window side. 

The filter parameters  and  are defined in 
accordance with the uneven background illumination, which 
should be corrected. 

21 N ,N 21 g ,g

III. IMAGE SEGMENTATION  

In result of the background equalization the image 
histogram usually has only one maximum, which corresponds 
to the most frequent brightness value (the equalized image 
background) and the detection of a second maximum, which 
to point at the contours is not possible. For this reason, the 
segmentation is based on the so-called “triangle” algorithm 
[10], modified for this application. The presumption is that 
the contours are darker than the equalized background. The 
segmentation threshold is determined performing the 
following operations:    

 Calculation of the image histogram  
 H(x) for x = 0,1,..,Q-1, where Q is the number of grey 

levels; 
 In the image histogram H(x), are defined 2 

points:  
- First point (H0,x0) – corresponding to the histogram 

maximum, which is usually the mean value of the corrected 
uneven illumination; 

- Second point (H1,x1), defined by the relations:  

)x(Hψ)x(H 0011 = ,  

H1(x1) < H0(x0)  for x1 < x0 .         (9) 

The point (H1,x1) is placed in the part of the histogram, which 
corresponds to the objects, darker than the background.  
The value of the parameter ψ is usually set to be ψ = 0.1; 

 The equation of the straight line, which connects 
the points (H1,x1) and (H0,x0) is defined by the well-known 
relation: 

,CBHAx 0=++            (10)  
where  

x1 ≤ x ≤ x0 , A = H1 - H0, 

B = x0 - x1 , C = H0x1-H1x0,        (11) 

 For each point of the histogram H(x) is 
calculated the distance D(x) to this line, in accordance with 
the relation: 

22 BA

CBHAx)x(D
+

++
= ,                    (12) 

where А , B and C are defined by the straight line equation. 
 The value θ of the variable x is defined, for 

which the distance D(θ)=max. This value is the searched 
segmentation threshold, for which from Eq. 12 is obtained:  

10

101
xx
HH

)θ(H)θ(H
-
-

 - ≈+                              (13)

for the range x1 ≤ x ≤ x0 .
The image is binarized, using the segmentation threshold θ 

for the separation of the objects, darker than the equalized 
background, in accordance with the relation: 

⎩
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         (14) 
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The binary image p(i,j) contains the detected and 
extracted contours. 

IV. EXPERIMENTAL RESULTS 

The experiments were performed with specially developed 
software, implementing the presented algorithm. The test 
images (more than 400) were downloaded from a database 
accessed free via Internet. All images were greyscale, 8 bpp. 
For images in Figs.1 and 3 the window size of the filter for 
background equalization in horizontal and vertical direction 
was the same: 55 pixels; the filtration was performed 
consecutively in horizontal and vertical directions. After that, 
the image segmentation was performed in accordance with 
the algorithm, presented above. Some example test images are 
shown below. 

 
Fig.1. Original test image (448 x 478 pixels, 8bpp) 

 
Fig.2. The image from Fig. 1 after processing 

 
Fig.3. Original test image (448 x 478 pixels, 8bpp) 

 
Fig.4. The image from Fig. 2 after processing 

 

  

    Fig.5. Original test image           Fig.6. The image from Fig. 5 
         (256 x 364 pixels, 8bpp)             after processing 
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The software implementation of the presented approach 
for processing of latent fingerprints proved its efficiency.  

The results obtained after the processing of the test 
images from Figs. 1 and 3 are shown in Figs. 2 and 4 
correspondingly. The visual quality of the images was 
enhanced, retaining the fingerprints minutiae. The filter 
retains the sharp transitions and in result even the sweat pores 
are retained (they are easily visible in Fig. 4). The image 
background is equalized and suppressed and this facilitates 
the matching process. 

Special interest attracts the image from Fig. 5. In fact, 
there are two latent fingerprints on it (one of them – a little 
darker). The image size is 256 x 364 pixels. The filter window 
size is 311 pixels. This size is large enough to equalize the 
background, retaining the sharp brightness transitions in the 
processed image. In result of the processing the second 
fingerprint is significantly suppressed and the quality of the 
main one (which is supposed to be overlapped on the paler 
one) is enhanced. In the original image the brightness of the 
two fingerprints is almost equal and they are hardly 
distinguished. In result of the processing larger difference 
between the brightness of the two fingerprints is obtained and 
the main fingerprint is more evident. Together with this, the 
minutiae are retained – the ridges and sweat pores are 
enhanced and correspondingly, more explicit.  

Similar results were obtained for low-contrast 
fingerprints: the original image, shown in Fig. 7 after 
processing with filter of size 511 pixels (in both directions) 
and image segmentation became as shown in Fig. 8. The 
image quality is enhanced, and some specific features (in this 
case – some small scars) became easily noticeable. 

  

    Fig.7. Original test image           Fig.8. The image from Fig. 7 
     (256 x 364 pixels, 8bpp)             after processing 

V. CONCLUSION 

The presented investigation is focused on the quality 
enhancement of latent fingerprints. The aim was to suppress 
the image background and to enhance the fingerprint, 
retaining the sharp transitions (ridges, sweat pores, etc.). The 
use of relatively large filter of size, comparable or even larger 
than that of the processed image, suits this aim very well. The 
filtration is followed by image segmentation, based on the 

specially modified “triangle” algorithm. This algorithm was 
chosen because it corresponds with the statistics of the image, 
obtained in result of the preceding filtration. The experiments, 
involving large number of test images, proved the method 
efficiency. The presented results are comparable with results 
obtained with methods for fingerprint enhancement based on 
histogram modification [12], but the filtration is more 
efficient when complicated (for example, images containing 
more than one fingerprint) or low contrast images are 
processed.  

The future work will be focused at investigations, which 
to permit the adaptive automatic selection of the most suitable 
processing, such as contrast enhancement and background 
equalization on the basis of the image analysis. For this will 
be used the image histogram, which to provide additional 
information concerning the needed contrast enhancement and 
image size analysis which to define the filter parameters. 
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Multiscale Orientation Field Estimation 
Brankica M. Popović* 1, Miloš V. Banđur 2, Vidosav S. Stojanović 3 

 
Abstract- In response to broadband wireless access need, the 

IEEE 802 committee set up a working group to develop such 
standard - IEEE 802.16. Later, an industrial association, the 
Worldwide Interoperability for Microwave Access (WiMAX) 
Forum, was formed to promote the 802.16 standard. 

The present paper aims at presenting the process of 
investigation of Bandwidth Request Mechanisms in 802.16 
Networks under Point-to-Multipoint Mode using the simulation 
model created with GPSS-General Purpose Simulation System. 

Keywords- Bandwidth request, Polling system, Simulator, 
WiMAX networks 

I. INTRODUCTION 

There exist various biometric techniques for automatic 
personal identification where automatic fingerprint 
identification system (AFIS) is most popular and also 
considered to be amongst most accurate and reliable ones. [1]. 

A fingerprint represents the image of the surface of the skin 
of the fingertip. Every fingerprint image consists of lines, 
called ridges, and interlines spaces, called valleys. Francis 
Galton defined ridge as a single curve segment, where 
combination of ridges forms a fingerprint pattern [1]. That 
pattern can be described as an oriented texture pattern with 
fixed dominant spatial frequency and orientation in a local 
neighborhood. The frequency is dependent on inter-ridge 
spacing, and orientation on flow pattern exhibited by the 
ridges. Region of a fingerprint where the ridge pattern makes 
it visually prominent are called singularities [2]. There are 
two types of fingerprint singularities: core and delta, and they 
are very useful for determining fingerprint’s class. 

A closer analysis of the ridges reveals some anomalies 
(local features) called minutiae, which can be used for manual 
or automatic fingerprint identification since their number and 
position defines fingerprint’s individuality. Two most popular 
types of minutiae are ridge endings and bifurcations. Typical 
structure and basic features of fingerprints (singularities and 
minutiae) are shown in Fig. 1. 

Fingerprints orientation field, as a global feature, is defined 
as the local orientation of the ridge-valley structure and is one 
of the basic structures of a fingerprints. The variation of 
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orientation field is of low frequency so that it is robust with 
respect to various noises [3].  

 

Fig. 1. Basic features of fingerprints:  minutia- ridge ending (in 
square), ridge bifurcation (in circle), singularities core(X) and delta 

(in triangle) 
 

There exist different methods for orientation field 
estimation.  Essentially they can be divided in two groups: 
filter-bank based approaches (convolving techniques) [4, 5] 
and gradient-based approaches [6, 7, 8, 9, 10]. In either way,  
some information may be lost during the process of 
smoothing the orientation field. Smoothing part is necessary 
for obtaining correct orientation aproximation in scratchy 
regions. This paper considers the problem of obtaining and 
preserving the multiscale orientation image information in 
order to use it in process of spurious minutiae detection in 
scratchy regions.  

The rest of this paper is organized as follows. Section II 
gives the basics about orientation field estimation. Technical 
background of general convolution and gradient-based 
approaches are described in Section III and Section IV 
respectively. In Section V multiscale orientation information is 
presented. Some examples and possible uses of that multiscale 
information (especially for scratchy regions detection) are 
shown. Finally, Section VI concludes the paper. 

II. ORIENTATION FIELD ESTIMATION 

Orientation field estimation is an essential module of 
fingerprint recognition systems. The angles of orientation 
fields represent the ridge flow directions on regulary spaced 
grids. Since they reveal the intrinsic features of ridge 
topologies, we may say that all subsequent processes in the 
fingerprint recognition systems greatly depends on accurate 
orientation estimation.  

The ridge (or valley) orientation in two dimensional space 
can be represented in two ways. First way is to represent the 
ridge orientation by a unit vector, forming angle θ  with x-
axis, as shown in Fig. 2(a). The angle θ , called direction of 
the vector, is in the range [ . The alternative way is to )0 2, π
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treat the ridge as nonoriented line, as shown in Fig. 2(b). In 
this case, the angle θ , is called orientation of the line and 
belongs to the range [ , . This second approach is more )0 π
often useful in fingerprint analysis since it is difficult to 
determine the proper angle of unit vector in every pixel. In the 
analysis, the concept of “directional field” or “orientation 
field” known from differential geometry must be used. 
However, in the literature dealing with fingerprint analysis, as 
well as in this paper, both terms “direction” and “orientation” 
are used as synonyms to denote ridge line orientation.  

 

 

  

 

Fig. 2. Ridge orientation represented by: (a) vector, (b) orientation. 
 

As we mentioned earlier there are two different approaches 
for orientation estimation: filter-bank based approaches 
(convolving techniques) and gradient-based approaches. First 
one are more resistant to noise than gradient-based, and can 
be executed very quickly. A disadvantage of this methods is, 
since they  rely on a number of fixed possible templates or 
filters (orientations are quantised mostly to only 8 directions), 
that result may not be very accurate [1]. Most modern 
systems require a greater degree of accuracy, and therefore 
rely primarily on gradient-based algorithms. In fingerprint 
image gradients will point in the direction from ridges 
towards valleys as this will be the direction with the greatest 
rate of change in greyscale pixel values for a local area. The 
orientation of the ridges in that area will be perpendicular to 
the average gradients. Gradient-based techniques are popular 
due to their ability to create highly accurate results, but they 
also have some limitations. Since the gradients of image 
intensity are usually computed on pixel level, the related 
methods are quite sensitive to noise even after the 
averaging/smoothing process. There also exist some model 
based approaches [3, 11] where we need to know the 
locations and types of singularities in a ridge pattern in order 
to adjust the system parameters for orientation estimates. In 
such cases, the coarse orientation estimates are used to feed 
the training model as initial statistics. Therefore, it is still 
critical to have a good estimation of coarse orientation fields 
in the first place. 

III. CONVOLUTION MASK METHODS 

The local orientation of ridges in each pixel is chosen based 
on criterion of maximal gray level uniformity in the 
neighborhood of each pixel. Usually, the orientation is 
estimated in  neighborhood around the examined pixel in 99×

the center [5]. Also, in order to facilitate subsequent 
processing only small number (typically eight) of possible 
orientations is allowed. One typical  mask is shown in 99×
Fig. 3. The pixel intensity values corresponding to eight 
possible directions (denoted ) are summed to give 7,...,0=i
eight directional sums . The formation of directional sums is
can be interpreted as the convolution of fingerprint image 
with eight masks, having all elements equal to zero except in 
positions denoted by i where the elements have value 1. 

6 5 4 2

7 6 5 4 1

0 0 0 0

1 2 3 4 7

2 3 4 6

C

3

3 2
7 1

1 7
6 6

5

 

Fig. 3. The  99×  mask to compute directional sums. 
 

After the computation of eight directional sums, the 
maximal and minimal sums are determined as: 
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 The direction at a pixel is defined to be p if the 
center pixel is located on a ridge (dark area), or q if the center 
pixel is located in a valley (light area). Therefore, the 
direction at a pixel is defined as: 
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where C is the value of the central pixel. 
The obtained directional image has too much elements for 

further processing. Therefore, it is divided into blocks which 
dimensions are usually 88×  or  pixels. All directions 1616×
belonging to the same block are averaged and the average 
direction is assigned to the block as its dominant direction. 
Although this block-directional image contains less data for 
further processing the classification accuracy remains about 
the same, what has been verified by a number of experiments. 
In order to obtain correct results, in averaging procedure 
doubled angles are used to represent the directions, therefore, 
a direction is represented by the unit vector 
v (cos sin )2 2= α α . After averaging inside a block, the 
average vector vav av avx y= (  ) is obtained, where  and  xav yav

are the averages of cosine and sine components of all unit 
vectors belonging to this block. The average direction angle is 
easily found as α = 05. a (rctan )y xav av . Also, as a measure of 

106 



 
 

direction uniformity in a block, the modulus of the resultant 

vector x yav av
2 2+  can be used. If the modulus is closer to 

one, the uniformity of directions is better, and the result of 
averaging is more reliable. 

This method of computing the orientation field is used 
widely because it is simple and fast. However, the estimated 
field is coarse due to the limit of number of possible 
directions. Systems requiring a greater accuracy should use a 
gradient-based method. 

IV. GRADIENT-BASED APPROACH 

In a fingerprint image, a gradient points to the highest 
variation of gray intensity which is perpendicular to the edge 

of ridge lines. The gradient vector ( ) ( )[ ]Tyx yxGyxG ,,  is defined 
as [6]: 
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where )  represents the original gray-scale image. Since ( yxI ,

opposite directions indicate equivalent orientations, the first 
element of the gradient vector has been chosen to always be 
positive.   

Since elements of an orientation field are normal to the 
gradients in the local area, one method of calculating the 
orientation field for a given region is to set its orientation 
perpendicular to the average direction of its gradients. 
However, some care must be taken when calculating the 
average gradient direction because two gradients on different 
sides of the same ridge will point in opposite directions and 
cancel each other out if averaged (even though they represent 
the same ridge orientation). One solution to this problem is to 
double the angles of the gradient vectors before averaging 
[10].  

The average squared gradient [ ]Tysxs GG ,, in a block 
specified by a window size  W  can be calculated as [6]: 
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Conventional gradient-based methods divide the input 
fingerprint image into equal-sized blocks and average over 
each block independently. The direction of orientation field in 
a block is given by: 
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where and are the horizontal and vertical components xG yG

of the gradient at each pixel.  
This method is sensitive to distortions of fingerprint image 

such as noise and scratches, so some additional processing 
(smoothing) is necessary to improve the quality of the 
estimated field. Usually, Gaussian smoothing operator is used 
to smooth the orientation fields in a local neighborhood. 

V. MULTISCALE ORIENTATION INFORMATION 

The estimated orientation may contain some unreliable 
elements due to background noise and ridges and valleys 
damages, caused by impression lack of certain image areas 
(scars and ridge breaks). Orientation smoothing (low-pass 
filtering) is expected to further attenuate the noise of 
orientation field and can also be interpreted as a reduction of 
its scale [6]. The orientation averaging method is commonly 
used in orientation smoothing because of its efficiency. 
However it is crucial to determine the size of the averaging 
neighborhood.  

Filtering (smoothing) the orientation image by a smoothing 
window of different size defines a multiscale representation 
of orientation image with some useful information.   

In our research we used original grayscale fingerprint 
image available from [1], modified for test purposes with two 
scars in upper left corner, whose size is 512 512×  pixels. 
Multiscale directional information is obtained through two 

orientation images  and  corresponding to the sD lD

orientation image filtered with Gaussian window with 5σ =  
and 20σ =  for smoothing. Orientation image is in the first 
place obtained by conventional gradient-based method. 

The original fingerprint image and its orientation field 
obtained in that way are shown in Fig. 4(a) and 4(b) 
respectively. Notify that for convenience instead of presenting 
orientation in each pixel, we presented block-directional 
image overlaid at original image. 

  

Fig. 4.  Orientation image overlaid at input fingerprint image for 
(a) 5σ =  and (b) 20σ =  respectively 

In the large regions of broken ridges (caused by scars and 
cuts), the detected orientation is significantly different (often 
perpendicular) from the actual ridge orientation. So the 
regions associated with the broken ridges are represented in 
orientation image by an abrupt change of orientation. When 
smoothing is performed in larger window it is more likely to 
obtain correct orientation information. Nevertheless, 
multiscale information obtained for two different sizes of 
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smoothing window can be very helpful in detecting scratchy 
regions. To show this we took one segment of original 
fingerprint image presented in Fig. 4 which contains regions 
of broken ridges. Multiscale orientation information obtained 
with value for σ of 5 and 20 are shown in Fig. 5(a) and 5(b) 
respectively. In Fig. 5(c) difference between two estimated 
orientations is shown.  

As we can see that difference caries significant information 
where, by applying appropriate condition, spurious minutia 
can be detected and eliminated from matching stage [12].  
 

  
(a)       

    (b) 

 
(c) 

Fig. 5.  Orientation image overlaid at input fingerprint image for 
(a) 5σ = , (b) 20σ = , (c) difference of estimated orientations  

VI. CONCLUSION 

In this paper a robust method for orientation field 
estimation at multiple scales is described. Traditional 
gradient-based method was used. Orientation field smoothing, 
as necessary step for correct orientation estimation in scratchy 
regions, results in some information loss. We showed that 

multiscale orientation, if preserved, contain significant 
information that can be helpful in minutiae validation stage 
for spurious minutia elimination. Although presented idea 
may seem rather subjective, experiments conducted in that 
way give promising results, and will be tested on the larger 
database. 
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Optimal Thresholds Selection for Adaptive Image 
Interpolation  

Rumen P. Mironov1, Roumen K. Kountchev2 

Abstract - An analysis of local characteristics of images in 2x2 
areas is presented. On this base the optimal selection of 
thresholds for dividing into homogeneous and contour blocks is 
made and interpolation order is changed with zero or bi-linear. 
Experimental results suggest that the effective use of local 
information contribute to decreasing of the mean-square error. 

Keywords - digital signal processing, 2D image interpolation, 
local adaptation, image processing. 

I. INTRODUCTION 
The basic methods for 2D interpolation of halftone images 

are divided into adaptive and non-adaptive [1], [2], [3]. 
Sharpness of edges and freedom from artifacts are two critical 
factors in the perceived quality of the interpolated images. 
Ease of computation is also an important factor. It has recently 
been recognized that improved image quality may be obtained 
by taking edge information into account [4], [5], [6]. In these 
works, edge information is used to modify the interpolation 
scheme so that smoothing is not performed across an edge, but 
at the expense of high calculation complexity. 

In this paper analysis of local characteristics of the images 
in small regions is accomplished using distribution of 
differences of adjacent elements in vertical and horizontal 
directions. On this base the optimal selection of thresholds for 
dividing into homogeneous and contour blocks is made and 
interpolation order is changed with zero or bi-linear for the 
developed adaptive 2D interpolation filter [7], [8]. The 
analysis of mean-square errors and signal to noise ratios for 
some test images show that the effective use of local 
information contributes to decreasing of interpolation errors.  

II. MATHEMATICAL DESCRIPTION 
The input m-level halftone image of size M x N and the 

output interpolated image of size pM x qN can be represented 
by the matrices: 

, }1Nq0,l;1pM0,k/l)(k,{

},1N0,j;1M0,i/)j(i,{
* −=−==

−=−==
*aA

aA

pMxqN

MxN        (1) 

where p and q are the interpolation coefficients in 
horizontal and vertical direction respectively [7], [8].  

The differences between each neighborhood pixels are 
given by the equations:  
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The logical variables f1, f2, f3 and f4 depend from the 
differences by the thresholds in horizontal (θm) and vertical 
(θn) directions and are shown in Eq. (3).  
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Then each interpolated pixel can be presented as linear 
convolution of 4 basic neighborhood elements: 

)njm,(it)a(r,wl)(k,a nm,

1

0m

1

0n

* ++= ∑∑
= =

,       (4) 

for p0,r = ; q0,t = . Interpolation coefficients: 

t)(r,BlF.t)(r,F.Zrt)(r,w nm,nm,nm, += ,       (5) 

are dependent from the logical function F, which gives the 
type of the interpolation (zero or bi-linear): 4231 ffffF ∪= . 
The zero or bilinear interpolation coefficients are defined by 
the equations, given in works [7] and [8]. The dependence of 
functions F from the coefficients f1 - f4 is shown on Table I. 

TABLE I 

No. f1 f2 f3 f4 F Transitions 
0 0 0 0 0 0  
1 0 0 0 1 0  
2 0 0 1 0 0  
3 0 0 1 1 0  
4 0 1 0 0 0  
5 0 1 0 1 1  
6 0 1 1 0 0  
7 0 1 1 1 1  
8 1 0 0 0 0  
9 1 0 0 1 0  
A 1 0 1 0 1  
B 1 0 1 1 1  
C 1 1 0 0 0  
D 1 1 0 1 1  
E 1 1 1 0 1  
F 1 1 1 1 1  
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The analysis of the local characteristics of neighborhood 
image elements is accomplished for small image regions with 
size 2x2 on the base of distribution of difference in vertical 
and horizontal directions. On Fig.1 the distribution of 
differences in vertical and horizontal directions for the test 
image Lenna.bmp are shown.  

 

 
The choice of thresholds (θm) and (θn) are proceed on level 

0.2% from the maximum of histogram functions. This is 
shown on Fig. 2, where the histogram is amplified and with 
red line this level is denoted. 
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This level is calculated experimentally and indicates the 
linear sector of histogram. The choice of optimal threshold is 
proceed in the beginning of the linearity sector. From the 
Fig.2 this are the levels 78 to 81.  

III. EXPERIMENTAL RESULTS 
For the analyses of interpolation distortions the mean-

square error (MSE), normalized mean-square error (NMSE in 
%), signal to noise ratio (SNR in dB) and peak signal to noise 
ratio (PSNR in dB) can be used as a criterion.  On Fig.3 are 
shown 5 test standardized images: „Lenna”, “Baboon”, 
“Cameraman”, “Peppers”, “Boat”, with the size 512x512 and  
256 gray levels.  

 

   

   

   

Fig.1. Difference histograms 

Fig.3. Test images „Lenna”, “Baboon”, “Cameraman”, “Peppers”, 
“Boat” with size 512x512, 256 gray levels  

The analyses of quality of the interpolated images are made 
by simulation with MATLAB 6.5 mathematical package. The 
obtained results for each test image is summarized on Tabl.2, 
including calculated threshold value, number of homogenous 
and contour blocks, MSE, NMSE, SNR and PSNR for 
interpolation with coefficient of amplification 3. On Fig. 4 
distributions of PSNR in dB for each test images are given. 

IV. CONCLUSION 
On the base of performed experiments for 2D adaptive 

interpolation on halftone images the following conclusions 
can be made: 

- the use of optimal thresholds for selection of 
homogenous and contour blocks lead to decreasing of  

  Fig.2. Choice of thresholds 
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TABLE II 
 

Image Lenna Babboon Cameraman Peppers Boat 

θm=θn 81 33 96 7 141 

Homogenous 
blocks 

28361 23697 28012 17748 28554 

Contour 
blocks 

200 4864 549 10813 7 

MSE 47.72229 9.74984 58.82865 31.04577 56.84090 

NMSE 6.19091e-006 1.19110e-006 8.20160e-006 4.21125e-006 5.95112e-006 

SNR 52.08245 59.24053 50.86101 53.75589 52.25401 

PSNR 31.37759 38.27483 30.46891 33.24478 30.61819 
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Fig.4. Distribution of PSNR for images „Lenna”, “Baboon”, “Cameraman”, “Peppers” and “Boat” 
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mean-square error, normalized mean-square error and 
increasing of signal to noise ratio and peak signal to 
noise ratio with about 7-10%; 

- the complexity of adaptive interpolation is higher than 
zero and bilinear but is lower than other high-level 
interpolations; 

- using smaller area for analysis and choice of optimal 
thresholds for image separation lead to decrease of 
calculation speed; 

- the maximal effective interpolation for the local 
characteristic of images can be achieved by using 
coefficients p,q=2-4. 

The received results for quality of interpolated images 
show that the proposed method for adaptive interpolation 
can change the high-level interpolations, which are slower 
in systems, using digital image processing and visualization 
as: digital photography, videoconference systems, security 
systems and etc.  
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Non-uniform Threshold as an Alternative to Uniform 
Threshold in Denoising in Wavelet Domain 

Mitko Kostov1, Cvetko Mitrovski1 and Momcilo Bogdanov2

 
Abstract – In this paper we present the advantage of non-

uniform over uniform threshold wavelet shrinkage denoising 
method, applied on noisy signals with signal dependent noise. We 
illustrate our results by comparing the noise energy after using 
the both filtration methods on the same set of artificially noise 
contaminated images. The experiments are made with NPR-
QMF filter banks instead with the filter banks that are 
commonly used in wavelet applications. 
 

Keywords – Denoising, filter bank, signal-dependent noise, 
threshold, wavelet domain filtering. 

 

I. INTRODUCTION 

Lately, there are many developed methods for image noise 
filtration in a transformation domain [1-8]. In the last decade 
the stress on researches in this field is put on the signal 
processing in the wavelet domain. 

The reason of using the wavelet transform for denoising 
purposes is that adequately chosen wavelet basis groups the 
coefficients in two groups – one with a few coefficients with 
high SNR, and other with a lot of coefficients with low SNR. 
In case of white Gaussian noise, the noise level is same 
through whole signal and for all the wavelet coefficients, 
independently on the signal. So, choosing a global threshold 
shrinks all the coefficients for an equal portion. But, in some 
signals, like nuclear medicine (NM) images, the noise level is 
proportional to the local signal intensity. Obviously, denoising 
them with a global threshold is not the best solution.  

In this paper we present results obtained by using our non-
uniform threshold shrinkage method for removal of signal-
dependent noise. We illustrate that noise energy in the filtered 
signal is bigger when any global threshold is used compared 
to the case when the proposed non-uniform threshold is used. 
We disclose some results of denoising of standard test images 
when our method and known methods are used. The paper is 
organized as follows. The method uses standard wavelet 
filtering outlined in Section II. In Section III we discuss how 
to estimate the varying threshold. In Section IV we verify the 
validity of our approach on deterministic signals contaminated 
with signal dependent noise. At the end, Section V concludes 
the paper. 
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II. WAVELET SHRINKAGE METHOD 

The most popular form of conventional wavelet-based 
signal filtering [9], can be expressed by:  

  (1) 
)IDWT(  *

),DWT(  }{

2211

21

kkk

kk

,,,
,,,

DhDh ,DhAs
nsDDD,A

Λ
Λ

=
+=

where s is noise-free signal, n is noise, s* is filtered signal, Ak 
and Di, i = 1, 2, …, k are approximation and detail coefficients 
at levels, i = 1, 2, …, k, respectively; and  

 hi=[h1i, h2i, …, hji]T , i=1,2, …, k,   

are weighting vectors of the corresponding detail coefficients. 
In case of conventional hard threshold filtering hji 

coefficients are determined by  
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while for the soft threshold filtering they are  
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where τk is user specified threshold for level k-details. 
Having in mind that the noise is proportional to the local 

signal intensity, instead of using a global threshold τk, Eq. (3), 
we propose: 

 hjk
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where τjk is user specified threshold. 

III. NON-UNIFORM THRESHOLD DETERMINATION 

The approximation coefficients contain the signal identity 
and have the same size as the detail coefficients. So, if we 
assume that the noise is proportional to the local signal 
intensity then a non-uniform threshold vector τ could be 
expressed as 

 τ = α|A|, (5) 
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Fig. 1. Deterministic test noisy signals. 

where α is a constant parameter which could be determined 
by equalizing the energy:  

 ( )∑∑ =
ii

iAiD 2
1

2
1 )()( α  (6) 

of new coefficients D1 and A1 which are created from D and 
A, respectively by using the following reasoning.  

The detail coefficients D are like waves and they frequently 
change their polarity. Therefore, the coefficients between the 
positive and negative peaks have magnitudes that are close to 
zero. Therefore we can discard their contribution (by zeroing 
them in corresponding positions in D ) and 1 keep only the 
coefficients that correspond to the local extremes in D. 

Similarly, the vector A1 is constructed by zeroing the 
approximation coefficients A for those indices i where 
D1(i) = 0. 

 

  Fig. 3. (a) Dependence of the noise energy En on the uniform 
threshold τ; (b) Dependence of the noise energy En on τ after the 

variance stabilizing operation is applied. 

 A1 = A·sign(|D1|). (7) 

 

Since the coefficients D and αА have equal energy, but not 
exactly same form, it holds that if for some i, |D(i)| > αA(i) 
(the signal is less noise contaminated), then for some ј≠i, 
|D(ј)| < αA(ј) (the signal is more noise contaminated). 

In general, we can assume that for noise stands polynomial 
dependence on the local signal intensity, hence, for the 
threshold τ the following can be written: 

  (8) ,1,,0,)()()( 01 −=+++= LiiAiAi n
n ΛΛ ααατ

Fig. 2. Noisy images. 
where L is the length of the vectors A and τ. The coefficients 
α0, α1, … can be obtained by minimizing the square measure 
E1 in the smallest squares sense: 
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n
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IV. EXPERIMENTAL RESULTS 

In this Section, we illustrate the effects of denoising the 
artificially contaminated signals (images) by applying the 
conventional shrinkage methods and our proposed non-
uniform threshold approach. The noise energy in the filtered 
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TABLE I 
COMPARISON OF THE PROPOSED WITH KNOWN METHODS IN 

CASE OF TRUE SIGNAL ESTIMATING IN THE TEST IMAGES IN FIG. 1 
 

signal is higher when any global threshold is used compared 
to the case when the proposed non-uniform threshold is used.  

The noise contaminated images are generated by 
superpositioning of shifted 2-D random Gaussian functions 
(cantered at position (i,j)) with energies proportional to the 
pixel intensities at position (i,j) in the noise-free images.  

By applying of the conventional and proposed method we 
obtain filtrated images s1 (normalized to the energy of the 
noise free images s), and compare with the energy of the noise 
free images by using the following formula 

  (10) ( .),(),(
,

2
1∑ −=

ji
n jisjisE )

When the signal in Fig. 1(a) is filtered by using the 
proposed method (Eq. 5, 6), we obtained α = 0.0502 and En= 
1586. The proposed algorithm uses NPR-QMF filters with 
length 12, stop band frequency 0.7π, and overall 
reconstruction error of the designed QMF bank 0.001 [10]. In 
addition, we filtered the signal by using standard technique of 
wavelet shrinkage [9] and used different wavelets and 
different values of the uniform threshold τ. The graph for 
dependence of En on τ for values of τ between 0 and maximal 
intensity in the detail coefficients is plotted in Fig. 3(a). The 
threshold value τ = 0 means that all the detail coefficients are 
kept, while the value τ = 1 (which corresponds to a threshold 
equal to the maximal intensity in the detail coefficients) 
means that all the detail coefficients are discarded. From 
Fig. 3a it can be noticed that for any value of the uniform 
threshold, the energy of the remained noise is not smaller than 
1586. This comes from the fact that using a uniform threshold 

for removing signal-dependent noise is not an adequate 
solution. 

Similar results are presented in Fig. 3b. The graphs show 
dependence of En on τ after applying operation of variance 
normalization [1] on the images before they are filtered by 
using standard wavelet shrinkage. 

Further, we made experiments with the images in Fig. 1 and 
Fig. 2. They both contain signal-dependent noise with rather 
low SNR. The images in Fig. 1 are standard nuclear medicine 
test images, while the images in Fig. 2 are well known test 
images commonly used for comparing performances of 
different image processing techniques. The maximal intensity 
in all three images in Fig. 1 is 22. The performances of the 
applied filtration methods obtained with various wavelet-
based filtering methods, are presented in Table 1 in which  
SNR1 is signal-to-noise ratio for the generated images while 
ΔSNR is the improved signal-to-noise ratio (after the 
filtering). When the proposed method is used with two 
differently generated thresholds (last column) it can be 
noticed that the filtering with non-uniform threshold 
determined through energy equalizing (Eq. 6) gives better 
results compared to the filtering with non-uniform threshold 
determined through LS minimization of the square measure 
(Eq. 9). 

The results of filtering the images in Fig. 2 are shown in 
Table 2. They are similar to the results in Table 1. From both 
Table 1 and Table 2 the advantage of the non-uniform 
threshold shrinkage over the uniform threshold shrinkage is 
evident.  

ΔSNR Known methods ΔSNR Proposed 
algorithm 

Image SNR1 Wave-
let 

Visu 
Shrink 

Sure  Bayes 
Shrink

PRESS Variance 
stabilizing

Xu- 
Weaver

Bi 
Shrink

Prob Shrink 
Shrink   

[2]soft/hard [4] [6] [5] [1] [3] [7] [8] 

Energy 
equalizing
soft/hard 

LS 
minimization

soft/hard 
sym3 1.19/0.13 0.28 0,89 0.86 1.30 2.03 0,37 0.51 
sym5 1.19/0.14 0,28 0.88 0.86 1.29 1.79 0,33 0.50 
db3 1.19/0.13  0.28 0.89 0.86 1.30 2.01 0.37 0.51 

Phantom 2.92dB 

coif5 1.09/0.10 0.28 0.73 0.86  1.18 1.98 0.37 0.44 

+2.47dB 
/ 

+1.71dB 

+2.38dB 
/ 

+1.52dB 

sym3 4.00/1.65 0.21 4.08 1.35 3.50 3.36 1.14 2.04 
sym5 3.97/1.55 0.21 4.06 1.34 3.49 2.98 1.00 1.98 
db3 4.00/1.65 0.21 4.08 1.35 3.50 3.32 1.13 2.04 

Circles 4.38dB 

coif5 3.81/1.19 0.21 4.07 1.34 3.38 3.22 1.08 1.75 

+4.46dB 
/ 

+2.67dB  

+4.22dB 
/ 

+2.33dB 

sym3 2.71/2.02 0.17 2.14 0.99 2.61 2.24 1.23 1.87 
sym5 2.71/2.00 0.17 2.20 1.00 2.62 2.03 1.07 1.85 
sym7 2.74/1.97 0.17 2.22 1.00 2.64 2.20 1.18 1.84 
db3 2.71/2.02 0.17 2.14 0.99 2.61 2.22 1.23 1.87 
db6 2.74/2.04 0.17 2.21 0.99 2.64 2.22 1.24 1.88 

coif3 2.74/1.96 0.17 2.25 1.00 2.64 2.19 1.19 1.84 
coif5 2.74/1.89 0.17 2.30 1.00 2.66 2.19 1,17 1.80 

Bars 3.60dB 

bior9/7 2.70/1.96 0.17 2.19 1.00 2.60 2.14 1.14 1.85 

+2.85dB 
/ 

+1.89dB 

+2.73dB 
/ 

+1.68dB 
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TABLE II 
COMPARISON OF THE PROPOSED WITH KNOWN METHODS IN 
CASE OF TRUE SIGNAL ESTIMATING IN THE IMAGES IN FIG. 2 

 

V. CONCLUSION 

In this paper we compare non-uniform and uniform 
threshold filtering methods on denoising artificially noised 
deterministic test images. Experimental results show that for 
the signal-dependent noise filtering with non-uniform 
threshold outperforms uniform threshold filtering for any level 
of the threshold and all used wavelets we have experimented 
with.  
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Energy 
equalizing 
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minimization 
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db3 5.00/4.68 2.81 1.49 4.38 3.67 2,13 3.83 

coif5 4.98/4.70 2.80 1.49 4.33 3.47 1.88 3.80 
Lena 5.27dB 

bior9/7 4.90/4.62 2.79 1.47 4.27 3.61 1.96 3.75 

+5.10dB 
/ 

+3.04dB 

+4.81dB 
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+2.63dB 

sym3 5.22/4.95 2.94 1.56 4.52 3.89 2.11 3.99 
sym5 5.14/4.87 2.89 1.56 4.47 3.39 1.80 3.96 
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House 5.76dB 
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+4.71dB 
/ 

+2.86dB 
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Statistical Analysis of Feature Vector Relevance in CBIR 
System 

Goran J. Zajić1, Nenad S. Kojić1, Nikola B. Reljin1, Branimir D. Reljin2

 
Abstract − An influence of feature vector (FV) components on 

retrieving accuracy in CBIR system with relevance feedback is 
considered. System uses FVs with only 24 components describing 
color, line directions and texture. The reduction of FV dimension 
is based on the statistics of global image features. The proposed 
system was tested over Corel 1K dataset. The statistics of FV 
influence was described by the number of images belonging or 
not belonging to the query class (in-class vs. out-class images) 
under different conditions. 
 

Keywords – Low-level image features, image retrieval, 
relevance feedback, feature vector reduction.    

I. INTRODUCTION 

The explosive growth of powerful but cheap technologies in 
last decades has lead to mass production and usage of different 
multimedia devices. Professional and personal users are 
allowed to create, upload and download different data. As a 
result, a measureless amount of all-genres files are stored in 
memory devices and/or circulates through the Internet. To 
avoid an information collapse, many systems for indexing, 
searching, browsing and retrieving of multimedia content were 
created. First, and still very popular, solutions were 
completely text-oriented. Appropriate keywords are associated 
to files (mainly, but not only, to images) and the 
searching/retrieving is based on the text similarity [1]. 
Unfortunately, since image data contains very rich information, 
it is very difficult to capture the content of an image using 
only a few keywords. Also, the manual annotation process is 
quite subjective, ambiguous, incomplete, and time-consuming.  

One promising way for overcome drawbacks recognized in 
text-base approach was the content-based image retrieval 
(CBIR) technique. In CBIR systems the low-level image 
features (color, texture, shape, etc.) are used as objective 
descriptors of images or their parts [2-4]. From those features 
an appropriate feature vector (FV) was created for each image 
from dataset. Then the retrieving procedure is based on 
relatively simple proximity measure between FVs to 
quantitatively evaluate the closeness (i.e., the similarity) 
between a query (key image or a user supplied sketch) and 
images from database. A number of CBIR systems are 
reported [5-8]. Although the CBIR techniques produce very 
good results in retrieving, the so-called “semantic gap”, 
between the low-level objective features (content), used by 
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computers, and the high-level semantics (context), recognized 
by humans, is a hard limiting factor. A very efficient way of 
resolving this drawback introduces a user in the 
searching/retrieving process. Such an approach is known as 
the (user’s) relevance feedback (RF). First step of retrieving in 
RF system is of the standard CBIR form: for a given query, 
system calculates the distances between FVs and selects 
images from database which are (objectively) more close to a 
query, and presents them to a user, for evaluation. The user 
annotates subjectively best-matched samples. From these 
samples weights of pre-extracted features are updated, 
according to subjective perception of visual content. An active 
learning strategy exploits both positive and negative examples 
to gain feedback from user. In this way the semantic gap may 
be bridged efficiently, as reported [9-10]. 

In all CBIR systems at least two problems exist, provoking 
researchers to find as best as possible solutions. One problem 
relates to the difference between objective features and 
subjective image content. It is necessary to find low-level 
image features that describe as best as possible the human 
visual perception. A variety of features are suggested and even 
standardized, for instance in MPEG-7 Standard [11]. The 
second problem is addressed to the number of feature vector 
components. Intuitively thinking, it is expected that high-
dimensional feature vector gives better information about the 
image content and leads to better accuracy in retrieving. But, 
except the computational complexity, this expectation is not 
verified in machine learning, due to the “curse of 
dimensionality” [12]. Many non-dominant low-level features 
may produce a masking effect and even false decision. To 
overcome this problem, different methods for reduction of FV 
dimension, to eliminate redundancy among low-level features, 
are suggested [13-19]. 

In this paper the analysis of the relevance of particular 
components of the FV on the image retrieving, from the 
statistical point of view, was performed. We analyzed the 
CBIR RF system proposed in [20]. This system, which uses 
only 24 components describing color, line directions and 
texture, will be briefly described in Section II. Section III. 
refers to the statistical analysis of the relevance of feature 
vector components to the retrieving, while Section IV is 
addressed to some concluding remarks. 

II. THE CBIR RF SYSTEM WITH REDUCED FV 
The CBIR RF system proposed in [20] uses only 24 low-level 
FV components describing color, line directions and texture. 
Reduced FVs are derived from full-length FVs inspired by 
MPEG-7 descriptors [11], as already applied in CBIR RF 
system reported in [21]. Before FV reduction we started with 
the FVs containing 310 components, in total. The color (COL) 
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is described by 162 components of the histogram in HSV 
space (coded as 18x3x3). Line (LIN) directions, for 5 degree 
steps, are described by corresponding histogram (72 
components), Gabor (GAB) wavelet coefficients uses 60 
components (6 directions with 5 scales, each described by its 
mean and standard deviation), and from gray-level co-
occurrence (COO) matrix 16 components are used (four 
directions: 0, 45, 90 and 135 degrees, each described by four 
descriptors: energy, entropy, contrast and inverse differential 
moment). From such four-group 310-component FVs, we 
created reduced four-group 24-component FVs, based on 
global statistic of image features.  

From 162 components of the HSV color histogram first 
three dominant components, normalized to their total number 
(162), are used for the new FV. From these components, 
denoted as DC1, DC2 and DC3, the next three components are 
calculated, according to (1) 

22 )81(...)21(
18

11 DCDCDCDCRC −++−
−

=

22 )82(...)32(
28

12 DCDCDCDCRC −++−
−

=
          

(1)
 

22 )83(...)43(
38

13 DCDCDCDCRC −++−
−

=  

Relations (1) describe the relevance of first three dominant 
components (DC1,2,3) within the rest of first eight dominant 
components (DC1 to DC8). 

The same reduction procedure is applied to the histogram 
of line directions. First 3 dominant components, say DL1, DL2 
and DL3, are included directly, and the next three components, 
denoted as RL1, RL2 and RL3, are calculated according to 
relation (1), now applied to line histogram. 

From initial set of 60 Gabor features, we calculated 4 new 
values: from 30 means (M) and 30 standard deviations (S) of 
GAB wavelet coefficients we calculated their means and 
standard deviations: GMM (Gabor mean of means), GSM 
(standard deviation of means), GMS (mean of standard 
deviations), and GSS (standard deviation of standard 
deviations). Finally, from co-occurrence matrix we derived 8 
components: mean and standard deviation for each of 4 
components (energy, entropy, contrast, and inverse moments) 
related to four directions. In this way reduced feature vectors 
consist of only 24 components describing global statistics of 
color (6 components), line direction (6), and texture (4+8=12). 

The retrieving procedure is performed using the CBIR RF 
system as in [21]. Query may be loaded externally or 
internally, from database. Before searching user can select 
feature group(s) (COL, LIN, GAB, and/or COO) which will be 
used in retrieving process, and define their tolerances ΔJ. First 
retrieving step is pure objective, based on the similarity 
between FV components of a query (FVQ) and images from 
database (FVD). The Euclidean distance was used as a 
similarity metric. FV components from selected groups: COL, 
LIN, GAB, and/or COO, are compared separately, and after 
each comparison a set of B images, objectively best-matched 
to a query, is presented to user, for evaluation. Images selected 
as relevant (R) are used in the relevance feedback procedure, 
described in [21]. As a performance measure we used the 

precision, PB, defined as the ratio of the number of R images 
versus the top B images 

100B
RP
B

= × .   (2) 

The initial searching step may be a bottleneck, since a query 
has to be compared to a whole dataset. For accelerating this 
step, before calculating Euclidean distance, components of 
feature vectors of images from database, FVDi,j, are compared 
with corresponding components of a query, FVQj  

jijji FVDFVQ ,, −=ε   .                          (3) 

In (3) Ii ,...,2,1=  denotes the image from database, and 
Jj ,...,2,1=  refers to the jth component of the FV. Images 

from database are then preselected according to the following 
decision rule 

⎩
⎨
⎧ >

=Δ−
image  thistakeotherwise,

imagethisskip,0
, jjiε              (4) 

where the quantity Δj is given (predetermined) tolerance. 
Preselection was performed separately for each group of 
features. For COL and LIN features only their first three 
components (DC1,2,3, and DL1,2,3) are used for testing (4). 

Before testing, initial tolerances Δinit and a maximal 
number of images (say, T) satisfying the test (4), was defined. 
We used Δinit=0.005 for COL features, Δinit=0.001 for other 
features, and T=50. 

Image preselecting was performed in an iterative way, 
assuming three or two conditions depending on the COL/LIN 
or GAB/COO features, as will be described, briefly. 

 

A. Preselecting based on COL and LIN Components 
First testing (4) is applied to all three dominant colors 

(DC1,2,3), jointly. If the number of images, say COL1, 
satisfying the condition (4) for all three DC1,2,3 components, 
is less than T, the condition (4) is applied to DC1 and DC2, 
and selected images, COL2, are added to images COL1. If the 
sum COL1 and COL2 is less than T, the same procedure is 
applied only to DC1, and selected images, COL3, are added to 
COL1 and COL2. If the sum COL1, COL2 and COL3, is still less 
than T, the tolerance threshold Δinit is extended, and the 
procedure is repeated with DC1,2,3, DC1,2, or only DC1, etc., 
until the number of selected images reaches T. 

The same procedure is applied to line directions, but now 
initial tolerance is Δinit=0.001, and components DL1, DL2, and 
DL3 are used. 

 

B. Preselecting based on GAB and COO Components 
For Gabor features we started with initial tolerance 

Δinit=0.001, and all four components (GMM, GSM, GMS and 
GSS). If the number selected images, GAB1, according to (4) 
is less than T, the testing (4) is applied only to mean values, 
GMM and GMS. The procedure is repeated with higher value 
of tolerance threshold, until the number of selected images 
reaches T. 

Similarly, for the co-occurrence features, initial selection is 
performed with Δinit=0.001 and using all 8 components: means 
and standard deviations for each of 4 components (energy, 
entropy, contrast, and inverse moments) related to four 
directions. If the number of selected images satisfying 
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condition (4) is less than T, in the second pass only means are 
considered. If necessary, the procedure continues with higher 
tolerance until the number of selected images reaches T.  

In this way from a whole dataset a group of 4T (200 in our 
case) images, satisfying the condition (4) is created. Then, the 
Euclidean distances between a query and this set of images are 
calculated and ordered images are presented to a user for 
evaluation and the RF procedure is started, as in classical RF 
system. Note that for RF we always use all 24 FV components 
(6 COL, 6 LIN, 4 GAB and 8 COO components). In 
preselection, maximal number of components is 18, if all four 
groups of features are used for testing given by (4). 

Described CBIR RF system is tested over Corel 1K [22]  
dataset. A Corel 1K dataset contains 1000 images sorted in ten 
classes, with 100 images each, labeled as: Africa (code 
numbers 0-99), beaches (100-199), monuments (200-299), 
busses (300-399), dinosaurs (400-499), elephants (500-599), 
flowers (600-699), horses (700-799), mountains (800-899), 
and cookies/food (900-999). Corel 1K dataset is very 
homogeneous: images within the same class are quite similar 
(except several cases), while classes significantly differ. So, 
for evaluating the searching method, we can test its ability to 
retrieve images from the same class as a query (irrespective of, 
possible, subjective mismatching). 

 
 

TABLE I: PRECISION P20 OBTAINED USING FULL-LENGTH FVS AND FVR1 [21], 
FVR2 [23], AND PROPOSED (NEW) FV REDUCTION [20]. 

Class Full-FV FVR1 FVR2 New FVR 
0 - 99 71.5 / 82.5 70.2 / 82.7 65.0 / 85.5 63.2 / 82.5 

100 - 199 34.0 / 56.0 46.2 / 61.8 56.5 / 64.5 45.3 / 62.2 
200 - 299 40.0 / 63.5 39.5 / 63.7 35.0 / 59.0 41.2 / 68.5 
300 - 399 67.5 / 88.0 69.2 / 91.2 69.5 / 92.5 69.8 / 91.3 
400 - 499 100 / 100 99.3 / 100 96.5 / 100 98.2 / 100 
500 - 599 54.0 / 77.5 53.5 / 76.7 49.0 / 75.0 53.4 / 80.3 
600 - 699 67.0 / 99.5 62.0 / 87.1 60.5 / 82.0 61.7 / 77.4 
700 - 799 78.5 / 86.0 77.6 / 89.2 78.5 / 94.0 77.8 / 88.3 
800 - 899 30.0 / 54.0 34.4 / 59.8 37.0 / 65.5 38.2 / 67.4 
900 - 999 56.0 / 74.5 52.3 / 81.7 48.5 / 73.0 49.3 / 75.8 

Total 59.9 / 78.2 60.4 / 79.4 59.6 / 79.1 59,8 / 79.4 
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Simulations are performed using standard Pentium 

machine (2GHz clock, 2GB DDR). The efficiency of proposed 
system with feature vector reduction (FVR) was compared to 
our previous results obtained with a system with full-length 
FVs and systems with FVRs as in [21] and [23], denoted 
respectively as FVR1 and FVR2. Statistics of retrieving 
efficiency, described by precision P20, are given in Table I. In 
columns 2-5 first number relates to the first (objective) 
retrieving step and the second one corresponds to first 
relevance feedback. Note that in some cases the FVR may 
produce even better retrieving result after the first step 
(shadowed cells in Table 1), due to better balancing between 
color and texture components. Averaged execution time for 
one retrieving step was about 70, 25, 15, and 12 milliseconds, 
respectively for full-FV, FVR1, FVR2, and proposed FVR. 
Note that execution times are given only as a comparative 
measure of different methods, since in our experiments no 
optimizations are involved in computer programs. 

 
 
 

III. STATISTICAL ANALYSIS OF FV RELEVANCE 

Our research was targeted to finding possible relation between 
objective low-level descriptors and subjectively classified 
image classes. As a first step in such research, the statistical 
analysis of FV components in CBIR system with relevance 
feedback, as described in Section 2, was performed, and 
obtained results are presented in this paper. Statistical analysis 
of FV components was derived considering only  color 
(DC1,2,3) and texture (GMM, GSM, GMS, GSS) descriptors. 
A part of results is given in Table II and Fig. 1 and in Fig. 2. 
Among images satisfying condition (4) we denote those 
belonging to a class of given query as „In“ (meaning, in-class). 
Other images, satisfying condition (4), but not belonging to a 
query class, are denoted as „Out“ images. In Table II. rows C-
In/Out correspond to color test, and those denoted as G-In/Out 
correspond to Gabor test. 

As expected, condition (4) applied to joint coordinates (all 
three dominant colors, or all four GAB coordinates) was very 
hard and only small number of images satisfies this condition: 
about 6 images for COL test and less than 11 for GAB test, if 
tolerance Δ is less than to 0.1. Also, GAB features are not so 
precise for selecting image classes: the number of out-class 
images is greater than in-class ones. By increasing Δ the 
number of in-class images increases (very fast for color) but 
also the number of out-class images (particularly for GAB test. 

TABLE II: STATISTICS FOR IN/OUT-CLASS IMAGES FOR DIFFERENT 
TOLERANCES Δ. 

Δ 0.05 0.06 0.07 0.08 0.09 0.1 0.2 0.3 0.4 0.5 

C-In 
C-Out 

6 
0 

6 
0 

6 
0 

6 
0 

6 
0 

6 
0 

17 
3 

44 
5 

68 
11 

71 
23 

G-In 
G-Out 

3 
4 

4 
10 

5 
13 

6 
16 

9 
23 

11 
29 

35 
94 

67 
218 

77 
403 

86 
548 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Fig. 1. Statistics for COL and GAB features. The number of In/Out-

class images after the first (joint) condition (4) for different Δ. 
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Fig. 2. Statistics for COL features with tolerance Δ=0.05, for 5 Corel 

classes. The number of In-class images (up) and out-class images 
(down) after applying all three conditions (4): cond1 (joint DC1,2,3), 

cond2 (joint DC1,2), cond3 (only DC1). 
 

Fig. 2 presents the statistics for COL features for 5 Corel 
classes The number of in-class images increases with less 
restrictive condition, but also the out-class images, being 
several times greater than in-class ones.  

 
IV. CONCLUSIONS 

 

In this paper we investigated the influence of particular FV 
components to accuracy of image retrieval. We used the CBIR 
system with short FVs of only 24 components describing color, 
lines and texture [20]. Before retrieving, the image dataset was 
preprocessed, neglecting images with FV components out of 
prescribed tolerance. Image classification based on only color 
feature gives satisfactory good results. The system is tested 
over Corel 1K dataset. In further research we will consider the 
efficiency of our system over other datasets. 

ACKNOWLEDGEMENTS 

This work is a part of activities of the Laboratory for 
Digital Image Processing, Telemedicine and Multimedia 
(IPTM) from the University of Belgrade, Serbia, related to 
COST Action 292 “Semantic multimodal analysis of digital 
media.” 

REFERENCES 
[1] S. K. Chang, T. L. Kunii, “Pictorial database systems”, IEEE 

Trans Software Eng., vol. 6, no. 6, pp. 519-524, Nov. 1980. 
[2] M. Swan, D. Ballard, “Color indexing”, Int. J. Comput. Vision, 

vol. 7, no. 1, pp. 11-32, 1991. 
[3] W. Niblack, R. Barber, W. Equitz, M. Flickner, E. Glasman, D. 

Petkovic, P. Yanker, C. Faloutsos, G. Taubino, “The QBIC 

project: Querying images by content using color, texture, and 
shape”, in Proc. SPIE: Storage and Retrieval of Images and 
Video Databases, pp. 173-181, Feb. 1993. 

[4] B. Manjunath, W. Ma, “Texture features for browsing and 
retrieval of image data”, IEEE Trans. Pattern Anal. Machine 
Intelligence, vol. 18, no. 8, pp. 837-842, 1996. 

[5] A. Pentland, R. Picard and S. Sclaroff, “Photobook: Tools for 
content-based manipulation of image databases”, in Proc SPIE 
Conf. Storage and Retrieval of Still Image and Video Databases 
II, pp 34-47, San Jose, CA, USA, 1994. 

[6] M. Flickner, H. Sawhney, W. Niblack, J. Ashley, Q. Huang and 
B. Dom, “Query by image and video content: The QBIC 
system”, IEEE Computer, vol. 28, 1995. 

[7] J. R. Back, C. Fuller, A. Gupta, A. Hampapur, B. Horowitz, R. 
Jain and C. F. Shu, “The virage image search engine: An open 
framework for image management”, in Proc. SPIE Conf. Storage 
and Retrieval for Still Image and Video Databases IV, pp. 76-87, 
San Jose, CA, USA, February 1996. 

[8] W. Y. Ma and B. S. Manjunath, “NETRA: A toolbox for 
navigating large image databases”, in Proc. IEEE Int. Conf. on 
Image Processing, 1997. 

[9] Y. Rui, T. Huang and S. Mehrotra. Content-based image 
retrieval with relevance feedback in MARS”, in Proc. IEEE Int. 
Conf. on Image Processing, pp 815–818, 1997. 

[10] Y. Rui and T. Huang, “Relevance feedback: A power tool for 
interactive content-based image retrieval”, IEEE Trans. on Circ. 
Syst. for Video Technology, vol. 8, pp 644–655, 1998. 

[11] Philippe Salembier,  „Overview of the MPEG-7 standard and of 
future challenges for visual information analysis“, EURASIP 
Journal on Applied Signal Processing, Volume 2002, Issue 4, pp. 
343-353, 2002. 

[12] T. Mitchell, Machine Learning, McGraw-Hill, NY, 1997. 
[13] J. B. Kruskal, M. Wish, Multidimensional Scaling, Thousand 

Oaks, 1977. 
[14] I. T. Jolliffe, Principal Component Analysis. 2nd edition, New-

York: Springer-Verlag, 2002. 
[15] Y. Wu, Q. Tian, and T. S. Huang, “Discriminant EM algorithm 

with application to image retrieval,” in Proc. IEEE Conf. 
Computer Vision and Pattern Recognition, South Carolina, June 
13-15, 2000. 

[16] H. Yu, J. Yang, “A direct LDA algorithm for high-dimensional 
data with application to face recognition”, Pattern Recognition, 
vol. 34, pp. 2067-2070, 2001. 

[17] X. Zhou, T. Huang, “Small sample learning during multimedia 
retrieving using biasmap”, in Proc. IEEE Conf. Computer Vision 
and Pattern Recognition, vol. 1, pp.11-17, 2001. 

[18] D. Tao, X. Tang, X. Li, Y. Rui, “Direct kernel biased 
discriminant analysis: A new content-based image retrieval 
relevance feedback algorithm”, IEEE Trans. Multimedia, vol. 8, 
no. 4, pp. 716-727, Aug. 2006. 

[19] L. Zhang, F. Lin, B. Zhang, “Support vector machine learning 
for image retrieval”, in Proc. IEEE Int. Conf. Image Processing 
(ICIP), pp. 721-724, 2001. 

[20] G. Zajić, N. Kojić, N. Reljin, B. Reljin, “Experiment with 
reduced feature vector in CBIR system with relevance 
feedback”, in 5th IET Visual Information Engineering 2008 
Conference (ViE 2008), Xi’an, China, July 29 – Aug. 01, 2008 

[21] G. Zajić, N. Kojić, V. Radosavljević, M. Rudinac, S. Rudinac, N. 
Reljin, I. Reljin, B. Reljin, “Accelerating of image retrieval in 
CBIR system with relevance feedback”, EURASIP Journal of 
Advances in Signal Processing, Vol. 2007, 1-13, 2007. 

[22] Corel Gallery Magic 65000 (1999), www.corel.com 
[23] S. Rudinac, G. Zajić, M. Ušćumlić, M. Rudinac, B. Reljin, 

„Comparison of CBIR systems with different number of feature 
vector components“, in Proc. Workshop SMAP 2007, London, 
UK, Dec. 17-18, 2007. 

120 



 

Retrieving Images Using Content-Based Search and 
Progressive Wavelet Correlation 

Igor Stojanovic1, Sofija Bogdanova2 and Momcilo Bogdanov2  

Abstract The following study looks at our experience in 
retrieving images from a database via a combination of content 
based search and progressive wavelet correlation. We distinguish 
two typical databases. One of them is comprised of images that 
are visually similar to the input; the other has dissimilar images. 
We examine ways of choosing the threshold value in either case. 
In our study we use Oracle database and IBM QBIC.  
 

Keywords – Content/pixel based search, database, image 
retrieval, normalized correlation.  

I. INTRODUCTION 

Capture, processing, storage and transmission of image data 
have been principally facilitated by easy Web hosting and the 
continuous increase of available computing power, along with 
the declining price of storage. Nowadays, it is essential to 
manipulate very large repositories of digital images. There is 
searchable image data characterized by miscellany of visual 
and semantic content, spanning geographically disparate 
locations. Many walks of life that by tradition depend on 
images for communication, for example engineering, architec-
ture, medicine, and many others, can make good use of 
computerized imaging. 

Modern commercial tools for retrieving images are 
descriptor-based. These tools are being improved and now 
take advantage of relevance feedback [1] and some aspects of 
image understanding.  A typical example of this type of search 
engine is IBM QBIC (www.qbic.almaden.ibm.com) [2]. 

Pixel-based search, on the other hand, is a promising 
approach for applications requiring high resolution, such as 
satellite and medical images, especially in geoscience. It 
selects a template corresponding with a database of images, 
based on parameters such as whether the search should seek to 
match edges, shapes, color, texture, or other measurable 
relations between images. The normalized wavelet correlation 
coefficient [3] is a well known criterion which compares the 
variations within a region of a database image with the 
variations within the template in terms of correspondence. 
Elimination of sensitivity to uniform differences in brightness 
is a special advantage of this criterion. 

Some of the work done in the field of content-based image 
retrieval is given in Section 2. The progressive wavelet 
correlation [3] is outlined in Section 3. Our proposal 

concerning an application of this method for searching images 
stored in a database is presented in section 4. Results of 
experiments that use a combination of content and pixel-based 
approaches are presented in Section 5. 

II. CONTENT-BASED IMAGE RETRIEVAL  

Content-based image retrieval (CBIR) aims at inventing 
techniques that support effective searching and browsing of 
large image digital libraries based on automatically derived 
image features. In the past decade, many general-purpose 
image retrieval systems have been developed, including 
QBIC, Photobook, Blobworld, Virage, VisualSEEK, 
WebSEEK, and others. A typical CBIR system views the 
query image and images in the database (target images) as a 
collection of features, and ranks the relevance between the 
query image and any target images in proportion to feature 
similarities.  

Many research works have been published in the field of 
CBIR. However, no universally accepted model has yet been 
developed. The research concentrates on image segmentation 
based on low-level features like color, shape, texture and 
spatial relations. To find the semantic meanings or high-level 
meanings of an image, like whether it is the image of human 
beings or a bus or a train and so on, is still a problem. 
Attempts are being made to link low-level and high-level 
features. However, it is proving difficult for the very simple 
reason that there remains a vast gap between human 
perception and computer perception.  

CBIR systems includes two main sub-systems: the server 
subsystem and the client subsystem (Fig.1). The server 
subsystem handles the processes of feature extraction, 
database indexing/filtering, feature matching and system 
learning. The client subsystem handles the process of 
querying.  
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2Sofija Bogdanova and Momcilo Bogdanov are with the Faculty
of Electrical Engineering and Information Technologies, Karpos II
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Fig. 1. System Architecture of CBIR system 

 
In the query phase, the user can retrieve the images by 

giving the sample images or sketching the image via our 

121 



 

query interface that provides a lot of standard drawing tools. 
The procedures of image query are the following:  

Step 1: User loads or sketches a query image, adjusts the 
weight of features and sends the query message. 

Step 2: When the query server receives the query message, 
it will pass the image and weight of features to the feature 
extraction mechanism and the learning mechanism 
individually. 

Step 3: After the extraction of features, the feature 
extraction mechanism will send the feature information of 
query image to the similarity measure mechanism and 
filtering mechanism. 

Step 4: According to the feature information, filter 
mechanisms will retrieve the feature record of relevant images 
from the image database for detail similarity measure.  

Step 5: The similarity measure mechanism will measure the 
similarity of features information between the query image 
and database images and return the results to the learning 
mechanism. 

Step 6: The learning mechanism will rank the most similar 
database images to be the candidate images according to the 
similarity order that combines the weight and the similarity of 
features. Then, the learning mechanism will adjust the 
recommended weights of features according to the query 
image and candidate images. And, it will send the 
recommended weights to the query server and send the image 
IDs to the image database for returning the candidate images. 

Step 7: Finally, the query server will send the 
recommended weights and candidate images to the query 
interface on the client side. 

Step 8: When the user receives the candidate images via the 
query interface, he/her can pick the images that he/she wanted 
or choose some similar images for the next query. 

In a new query with multiple images, the learning 
mechanism will rank the candidate images by the average of 
similarities between the candidate images and each of the 
query images. Then, the learning mechanism will adjust the 
recommended weights of features according to the query 
images and candidate images again. Repeating the above 
steps, the user will retrieve the desired images. 

III. PROGRESSIVE WAVELET CORRELATION 

A. Overview 

The basic ideas of the pixel-based search using progressive 
wavelet correlation include elimination in the earlier phases of 
searching, correlation in the frequency domain for fast 
computation, DCT in factorizing form, and wavelet 
representation of signals for efficient compression [3].  

The algorithm can be described as follow:  
Step 1: A candidate image is coarsely correlated with the 

pattern. Every eighth point of the correlation is generated.  
Step 2: It is determined whether the pattern suitably 

matches the candidate image. If not, then another candidate 
image may be chosen or the search abandoned.  

Step 3: If the match was suitable, then the candidate image 
is medium correlated with the pattern. We obtain the 

correlation at indices that are multiples of 4 mod 8 of the full 
correlation.  

Step 4: Another similar match test is performed.  
Step 5: A candidate image is fine correlated with the 

pattern. Fine correlation means to obtain the correlation at 
indices that are multiples of 2 mod 8 and 6 mod 8 of the full 
correlation.  

Step 6: Another similar match test is performed.  
Step 7: Full correlation: obtain the correlation at odd 

indices.  
Step 8: If a suitable match is found for the fully correlated 

image, then the image searched for has been found. 

B. Extension to two dimensions 

Let the image size be N by N.  In step 1, we have 64 
subbands of length N2/64. We perform one step of the inverse 
2D JPEG transfer function, and one 2D step of the forward 
Fourier transform function.  The next step includes adding the 
64 subbands point by point to create a 2D array of size N/8 by 
N/8. Taking the inverse Fourier transform, we obtain the cor-
relations at points that lie on a grid that is coarser than the 
original pixel grid by a factor of 8 in each dimension. In step 
2, we obtain 16 subbands of size N2/16 by adding the 16 
subbands point by point, and taking the Fourier inverse. We 
will obtain the correlation values on a grid that is coarser than 
the original grid by a factor of 4 in each dimension. In step 3, 
we obtain 4 subbands of size N2/4. Finally, in step 4, the full 
resolution is obtained. 

Formulas for calculating normalized correlation coefficients 
that measure differences between images and patterns are 
given in [3]. Normalized correlation coefficients can be 
computed from the correlations described above. The 
normalization is very important because it allows for a 
threshold to be set. Such a threshold is independent of the 
encoding of the images.  

The normalized correlation coefficient has a maximum 
absolute value of 1. Correlations that have absolute values 
above 0.9 are excellent, and almost always indicate a match 
found. Correlations of 0.7 are good matches. Correlations of 
0.5 are usually fair or poor. Correlations of 0.3 or less are very 
poor. There is a tradeoff between the value of the threshold 
and the likelihood of finding a relevant match. Higher thres-
holds reduce the probability of finding something that is of 
interest, but they also reduce the probability of falsely 
matching something that is not of interest. 

IV. APPLICATION OF PIXEL-BASED METHOD FOR 
SEARCHING IN A DATABASE 

A. Image Store and Matlab Database Toolbox 

The progressive wavelet correlation provides guidelines on 
how to locate an image in the image library. To make this 
method practical, we must first decide how to store the 
images. The initial choice is to store them in a disk file 
system. This can be seen as the quickest and simplest 
approach. A better alternative that should be considered is to 
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store those images in a database. In the past five years, with 
changes in database technology and improvements in disk 
performance and storage, the rules have changed and it now 
makes business sense to use the database to store and manage 
all of an organization’s digital assets. Databases offer several 
strengths over traditional file system storage, including 
manageability, security, backup/recovery, extensibility, and 
flexibility.  

We use the Oracle Database for investigation purposes. 
There are two ways of storing an image into the Oracle 
Database. The first one is the use of Large Objects – LOB, 
and the second one is the use of Oracle interMedia.  

To store images into the database we use the BLOB 
datatype. After creation of one BLOB column defined table 
we also create a PL/SQL package with loading of images 
procedure (load named) included. This procedure is used to 
store images into the database. 

The implementation of the progressive wavelet correlation 
in Matlab and connection of the algorithm with the database 
are the next steps. The Database Toolbox is one of an 
extensive collection of toolboxes for use with Matlab. The 
Database Toolbox enables one to move data (both importing 
and exporting) between Matlab and popular relational 
databases. With the Database Toolbox, one can bring data 
from an existing database into Matlab, use any of the Matlab 
computational and analytic tools, and store the results back in 
the database or in another database.  

Before the Database Toolbox is connected to a database, a 
data source must be set. A data source consists of data for the 
toolbox to access, and information about how to find the data, 
such as driver, directory, server, or network names. 
Instructions for setting up a data source depend on the type of 
database driver, ODBC or JDBC. For testing purposes JDBC 
drivers were usually used [4].  

After setting up the data source for connecting to and 
importing data from a database we have used several standard 
functions of the Matlab Database Toolbox. We can retrieve 
BINARY or OTHER Java SQL data types. However, the data 
might require additional processing once retrieved. For 
example, data can be retrieved from a MAT-file or from an 
image file. Matlab cannot process these data types directly. 
One needs knowledge of the content and might need to 
massage the data in order to work with it in Matlab, such as 
stripping off leading entries added by the driver during data 
retrieval. 

For the purpose of saving the extracted data into file 
testfile, we created the Matlab file parsebin.m. Using 
the imread function, we stored the file date into a two-
dimensional output variable x. 

In working with the Microsoft Access database, ODBC 
drivers are used for extracting data from the database. The 
extracting process must be adjusted by cutting the header 
created by the driver. Let m be quantity of bytes attached to 
the beginning of the data package by the ODBC driver. The 
quantity of bytes depends on the file type (file extension). To 
discover the value of m we created a procedure in Matlab. 
That procedure helps us to find the adequate value for m when 
linking with the image format. When working with Oracle 
databases and extracting data with JDBC and ODBC drivers 

there is no need for adjustment, so m has always the value "1" 
(m="1"). 

B. HTTP Application 

The last step in the adaptation is to create Matlab 
applications that use the capabilities of the World Wide Web 
to send data to Matlab for computation and to display the 
results in a Web browser. The Matlab Web Server depends on 
TCP/IP networking for transmission of data between the client 
system and Matlab. In the simplest configuration, a Web 
browser runs on your client workstation, while Matlab, the 
Matlab Web Server (matlabserver), and the Web server 
daemon (httpd) run on another machine. In a more complex 
network, the Web server daemon can run on a separate 
machine [4]. 

The input mask of our application consists of three 
parameters: the image size N, the threshold thr, and the name 
of the image that we are looking for (Fig.2). 

 
Fig. 2. Input mask. 

The practical implementation of progressive wavelet 
correlation includes two main subsystems: the server sub-
system and the client subsystem. The server subsystem 
handles the processes of image storing in a database and 
similarity measure. The client subsystem handles the process 
of querying. In addition, we present here the system 
architecture of the system (Fig.3). 

 
Fig. 3. System Architecture. 

V. PIXEL-BASED SEARCH FOLLOWING 
CONTENT-BASED SEARCH 

Pixel-based search using progressive wavelet correlation is 
too expensive computationally to apply to large collections of 
images, especially when it is possible to discover in advance 
that no match is likely. It has to be combined with descriptor-
based search or some other means of reducing the search 
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space. After descriptor matches narrow the search, pixel-based 
search can find matches based on detailed content. 

• 0.5 for images not having visually similar images in the 
database (image 21.jpg); 

Results obtained from a number of performed experiments 
by retrieving images from a database via application of both 
CBIR and progressive wavelet correlation led us to the idea of 
combining them in order to make the best use of their positive 
features. The initial idea was extended into a developed 
proposal for a new algorithm intended for searching and 
retrieving images from a database. The modular scheme of 
this algorithm is given in Fig.4.  

• 0.7 for images having visually similar images in the 
database (image 10.jpg). 
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Fig. 6. Retrieval performance for different number of images. 

By the use of the normalized correlation coefficients, the 
threshold value should be equal or higher than 0.7. An 
increased number of located images are produced as a result 
of increasing the number of images into the database by using 
the normalized correlation coefficients. 

Fig. 4. A modular scheme for the proposed retrieval system. 

Using QBIC, we established a database for the following 
characteristics of images: color, text, color histogram, and 
texture feature. We query the database for those images in the 
library with the most similar characteristics to the input 
image. On this set of candidates, we apply the normalized 
correlation coefficients to obtain the desired image. As an 
example, we show our work on locating the image 21.jpg in a 
database. Using QBIC, we isolated ten candidate images 
based on the Color Histogram Feature. After that these images 
are subjected to detailed pixel-based search based on the 
normalized correlation coefficients. 

VI. CONCLUSION 

The efficiency of joint content and pixel-based retrieval of 
images from a database can be improved in some applications 
such as satellite and medical images, by way of appropriate 
selection of the threshold value. Content-based image retrieval 
is fast, but it normally gives more than one image due to the 
vast differences in perception capacity between humans and 
computers. On the other hand, pixel-based retrieval using 
progressive wavelet correlation is impractical, due to the 
numerous operations per image it entails. However, a positive 
outcome should be expected if we combine the good features 
of content-based and pixel-based searches: speed and 
accuracy. 

 

 
Fig. 5. Test environment. 

For testing we used two PC on 3 GHz with 1 GB RAM 
(Fig.5). On one of them we installed Oracle Database Server 
version 10.1.0.2.0 and on the other we installed MATLAB 
version 7.0.4.365 (R14) Service Pack 2. We tested a different 
number of images stored in the database with constant value 
of threshold thr=0.8. The results of retrieval performance are 
shown in Fig.6. 
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Flickering Reduction Algorithm in Anaglyph 
Stereoscopic Images 

Alexander A. Krupev1 and Antoaneta A. Popova2 

Abstract – In this paper are presented optimized algorithms 
for stereoscopic anaglyph image production, color & depth 
adjustment and 3D visualization. The color separation of the 
images for the left and the right eye, by means of Red-Cyan 
filters (glasses) is used. Algorithms for analyses and reduction of 
flickering effects are suggested. A correctly reproduced color 
gamut is defined for this purpose. The results of the flickering 
reduction with Red and/or Green greyscale transformation and 
anaglyph gamut transformation are compared to the basic 
anaglyphs method and other known methods.  

Keywords – stereoscopic image, 3D image, anaglyph algorithm, 
flickering reduction, retinal rivalry. 

I. INTRODUCTION 

In this work will be discussed the anaglyph stereoscopic 
method based on color separation of an image by means of 
color filters (anaglyph glasses) into two images, intended for 
the left and the right eye respectively. Anaglyph images are 
made up of two superimposed color layers (Red - R and Cyan 
- C being most common), representing two slightly different 
views of a scene, in order to produce a depth effect. 

A common artifact called binocular rivalry occurs when 
there is too much difference between the left and the right eye 
images. Perception alternates between different images 
presented to each eye instead of fusing them [4]. When the 
images presented to the eyes differ mostly in their luminosity 
and there is only a slight or no contour difference (as it should 
be for stereoscopic purposes with correctly chosen stereo 
basis), a form of rivalry called binocular luster may be 
observed. The object seems to flicker or shine. It’s normal for 
glossy surfaces, but with the anaglyph method, which as we 
mentioned is based on color separation, this happens always 
for objects of certain colors like pure Red and Green.  

There is very little literature on the production of anaglyph 
images, and what exists is very empirical. Recently E. Dubois 
[2] and W. Sanders and D. McAllister [1] have published 
some works on the subject, but they are focused mainly on the 
elimination of ghosting/crosstalk and region merging effects. 
The works by R. Turnnidge, D. Pizzanelli [5] and others focus 
on the practical aspects of anaglyph production in Photoshop, 
but retinal rivalry problem is ignored. Older works focus on 
monochrome anaglyphs, which lack retinal rivalry. Apart 
from anaglyphs, retinal/binocular rivalry has been studied 
extensively as a physiological phenomenon [3], [4]. 

Our main goal is to suggest and implement algorithms for 
flickering reduction and to compare them to the already 
existing ones. In Section II is defined the mathematical model 
used. In Section III a gamut of the correctly reproduced colors 
by the anaglyph method with Red-Cyan glasses is defined to 
be used for the production of a non-flickering color anaglyph. 
A Red and Green channel greyscale transform for anaglyph 
production is suggested as well. Other common methods 
including the algorithm of Dubois [2] are given and 
implemented for comparison purposes. In Section IV an 
efficient flickering detection algorithm is demonstrated. The 
algorithms from the previous chapter are tested on a stereo 
pair and the results are compared. 

II. MATHEMATICAL MODEL OF THE ANAGLYPH 
RODUCTION 

The set of representable colors on a display using the RGB 
(Red, Green and Blue) color system is the unit RGB cube (3-
cube). The cube lies in the 3 dimensional vector space R3. The 
"RGB color solid" in the six dimensional vector space R6 is a 
unit hypercube (6-cube) with 64 vertices corresponding to the 
RGB corners of the cube in R3 for the left and right eyes. 
Counting base 2 we can order the vertices of the 6-cube: 
[0,0,0,0,0,0] = [black, black], [0,0,0,0,0,1] = [black, blue], …, 
[1,1,1,1,1,1] = [white, white]. Anaglyph methods compute a 
map from the 6-cube in R6 to R3. A vector is defined v = [rl 
,gl ,bl , rr ,gr ,br ]T  with RGB coordinates of the left and right 
eye color channels. The linear algorithms compute [r,g,b]T 
= Bv, where v represents the color of a matching pair of pixels 
in the left and the right images of the scene, B is a 3-by-6 
matrix of the transformation and [r,g,b]T is the resulting color 
of the pixel from the anaglyph to be observed through the 
color filters. The most common transform matrix (Photoshop - 
PS algorithm) is: 

⎥
⎥
⎥

⎦

⎤

⎢
⎢
⎢

⎣

⎡
=

100000
010000
000001

B    (1) 

which means that the Red channel of the left image and the 
Green and Blue channels of the right image are superimposed 
(Fig. 1). 

When viewed with the glasses the anaglyph’s left and right 
eye images get separated again, albeit not perfectly (there is 
usually some degree crosstalk), each eye sees its intended 
image, the images get fused and a virtual 3D object is 
reconstructed by the brain. 
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Fig. 1. The used basic principle of anaglyph production 

III. FLICKERING REDUCTION ALGORITHMS 

The anaglyph method is used mainly for 3D representation 
of monochrome images. The monochrome anaglyph is not a 
monochrome image itself, but it’s perceived as such. It’s an 
interesting question which colors, besides the monochromatic 
ones, are correctly reproduced by the anaglyph method. 

TABLE I 
SOME ANAGLYPH GAMUT COLOR VALUES 

 
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

 
An approach to define the anaglyph color gamut is 

suggested by us in following steps. If we use the luminance 
formula Y=0.2R+0.7G+0.1B then the luminance of the right 
C channel is Yright=0.7G+0.1B. The luminance of the left R 
channel Yleft=0.2R. For monochrome stereo pairs R=G=B, 
hence Yleft/Yright=1/4. To define the gamut of the anaglyph 
method are found the colors, for which this ratio is preserved. 
We have 4*Yleft=Yright, then 4*0.2R=0.7G+0.1B and finally 
R=(7G+B)/8. The sets of calculated values of R, together with 
their corresponding values of G and B in steps of 50, are 
shown in Table I and as a color palette on Fig. 2. The 
achromatic colors are diagonally placed. 
 

 
 

Fig. 2. Defined gamut of the correctly reproduced colors by the 
anaglyph method 

 
In the RGB cube these colors form a plane (Fig. 3). 
 

 
Fig. 3. The plane of colors, forming the defined anaglyph gamut 

 
The objects, with colors outside of this plane, show 

different degrees of flickering when viewed as anaglyphs, 
especially bright R, C and G colored objects. 

Common practice to reduce the flickering effect is to take 
the luminance (gray) values of the left image and to use them 
as a Red channel of the produced anaglyph [1]. The transform 
matrix looks like this: 

 

         (2) 
⎥
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⎦

⎤

⎢
⎢
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⎣

⎡
=

100000
010000
000321 ααα
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α1 α2 α3 represent the weights in the luminance formula. This 
tends to gray out the flickering objects.  

We further propose a grayscale transform of the G anaglyph 
channel as well, which increases the effectiveness of this 
method and yields brighter images: 

R G B  R G B 
0 0 0  131.25 150 0 
6.25 0 50  137.5 150 50 
12.5 0 100  143.75 150 100 
18.75 0 150  150 150 150 
25 0 200  156.25 150 200 
31.88 0 255  163.12 150 255 
43.75 50 0  175 200 0 
50 50 50  181.25 200 50 
56.25 50 100  187.5 200 100 
62.5 50 150  193.75 200 150 
68.75 50 200  200 200 200 
75.62 50 255  206.87 200 255 
87.5 100 0  223.12 255 0 
93.75 100 50  229.37 255 50 
100 100 100  235.62 255 100 
106.25 100 150  241.87 255 150 
112.5 100 200  248.12 255 200 
119.37 100 255  255 255 255 
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Another suggested approach by us is to calculate the closest 
color (Euclidian distance) from the anaglyph color gamut 
plane from Fig. 3 and use it. 

The results from the suggested by us algorithm is compared 
with Eric Dubois [2] method which takes into account the 
properties of the media and the filters. The purpose here is to 
be minimized the Euclidian length of the vector R[r,g,b]T–D 
in CIE, where 

                         (4) ⎥
⎦
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C is the conversion matrix from RGB to CIE color space 
for a given medium. Al and Ar are the transmission functions 
of the filters in CIE. In other words the difference between the 
colors, observed through the filters, and the colors of the 
stereo pair is minimized. An example of anaglyph transform B 
matrix, used in the current work, computed with this method 
for an average CRT screen and anaglyph glasses is shown 
below: 
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(5) 

 
The flowchart of the implemented Dubois anaglyph 

production algorithms for the comparison is shown on Fig. 4.  

 
Fig. 4. Dubois anaglyph production algorithm 

 
The flowchart of the developed by us anaglyph production 

algorithm with optional grayscale transforms of R, G and/or B 
channels is shown on Fig. 5.  In the algorithm can be made a 
choice of the type of the input image - Anaglyph or Stereo 
pair. A parallax adjustment procedure is used after the 
transformation of the RGB channels (if any). 

Since binocular rivalry is a stereoscopic effect its 
estimation within the anaglyph itself is complicated by the 
necessity to search for homologous points. This can be 
avoided if the estimation/detection is performed on a picture 
of the scene taken in between the left and the right view 
(sometimes referred to as “cyclopean image”) or on the stereo 
pair itself. 

 
Fig. 5. Suggested algorithm with optional grayscale transforms of 

R, G and/or B channels 

IV. EXPERIMENTAL RESULTS 

All the experiments are implemented in Matlab 7.0.3 
working environment. 

An algorithm detecting flickering objects in stereo 
pairs/cyclopean images has been implemented. The 
implemented algorithm produces maps of the flickering effect 
- grayscale images, the brighter colors of which indicate 
flickering objects (see Fig.6 - Cyan, Green, Red and Magenta 
squares and their corresponding bright squares on the right, 
indicating high degrees of binocular rivalry). 

 

    
Fig. 6. A test image and a map of its flickering effect 

 

 

 
Fig. 7. A stereo pair (Up) and its map of the flickering effect (Down) 
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The flickering map of a real world image reveals 
problematic objects, like the red scarf in the left of the image 
(Fig. 7). On the other hand the white box is perfectly black on 
the flickering map, which indicates the known fact that 
achromatic colors are correctly reproduced by the method. 

The flickering effect in the produced anaglyphs conforms to 
our initial expectations. The PS algorithm demonstrates the 
strongest flickering effect (Fig. 9. Left - L). The common PS 
algorithm with grayscale transform of the R channel strongly 
reduces the effect (Fig. 9. Right - R). This is further enhanced 
by the proposed algorithm with grayscale transform of the R 
and G channels (Fig. 10. Left - L). The monochrome anaglyph 
(grayscale luminance transform of all 3 channels - R, G and 
B) produces no binocular rivalry whatsoever, but it lacks color 
perception as well (Fig. 10. Right - R).  

To realize our approach with the anaglyph gamut 
optimization we first processed the stereo pair in Matlab with 
an algorithm, searching for corresponding “nearest distance” 
colors on the suggested anaglyph gamut (Fig. 8).  

 

 
Fig. 8. Processed stereo pair from Fig. 7 with colors of the 

suggested anaglyph gamut 
 

This processed stereo pair was used to produce an anaglyph 
demonstrating no binocular rivalry at all - just like the 
monochrome anaglyph - but with color perception (Fig. 11. 
Right – R)! It’s brighter and objects with colors outside of the 
anaglyph gamut do not become darker or grayish (as in the 
grayscale conversion algorithms, Fig.9 - R, Fig.10 - L) or 
flickering/shiny (as in the simple PS algorithm, Fig. 9 - L).  

 

  
Fig. 9. Anaglyph images: L) PS algorithm; R) PS with grayscale 

transform of R channel 
 

  
Fig. 10. L) Suggested anaglyph with grayscale transform of R and G; 
R) Monochrome anaglyph (grayscale transform of 3 channels RGB) 

  
Fig. 11. L) Dubois anaglyph image; R) Suggested gamut transform 

anaglyph 
Dubois algorithm (Fig. 11 - L), though not optimized for 

the particular screen and glasses, shows similar results as our 
“nearest distance” anaglyph (Fig. 11 - R). The Dubois image 
perceived is a little bit darker and colors are less vivid, some 
flickering remains, but on the other hand almost no crosstalk 
is perceived. Crosstalk (ghosting) reduction is out of the scope 
of this work, though.  

V. CONCLUSION 

The achieved results can be used for stereoscopic imaging 
suitable for the printed media, Internet 3D application, art 
presentation and visualization on all currently widespread 
screens. Distance learning and virtual laboratory applications 
have motivated the use of inexpensive visual stereo solutions 
for computer displays. Our results show that each method has 
its advantages and disadvantages in faithful color 
representation. We recommend Dubois and the proposed 
anaglyph gamut transform algorithms as preserving color 
perception and brightness with no/almost no noticeable 
flickering. While the anaglyph 3D image method is cheap and 
accessible, its use requires a compromise in image quality. 
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Application of Geometrical Models  
for Face Detection 

Diana J. Vasileva1 

 
Abstract- The main purpose of the face detection process, 

applied to the whole image, is to validate and extract the face 
regions only. The presented algorithm involves computation of 
the angle of face candidate region. After rotation of a face 
geometrical model (ellipse) is applied, discovery of the number of 
holes processed within intensity component is performed. Then 
the region is processed using face feature detection, where the 
centers of the eyes and mouth are calculated with Projection 
Function (PF). At the end of the algorithm, a flexible pattern of 
eyes and mouth is applied on regions where a face is determined. 
The outputs of the face detection algorithm are separate images 
containing faces, for which also eyes and mouth locations are 
determined. 

Keywords- Face detection, Geometrical Models, Flexible 
Patterns, Facial Features Location 

I. INTRODUCTION 

Face detection is used at the preprocessing stage of face 
verification systems. It serves for decreasing the number of 
calculations and improves the effectiveness of such systems 
[1][2]. In face detection systems, color component models for 
finding skin on images are widely used. To create robust 
algorithm for face detection, it is necessary to apply 
geometrical models on the areas already found to contain skin 
[3]. This way, more robust validation is achieved of the face-
candidate skin areas. Another problem in the systems working 
with color information only is their inability to determine the 
direction of the face. In systems working with the geometrical 
features of the face, this problem can be solved by analyzing 
the geometrical features of the face [4]. This allows some 
important parameters to be determined such as: the frontal 
face position, the rotation angle etc which are impossible to 
determine if color components only are used. The face 
features should be used and analyzed then.  

This paper is structured as follows: There is a brief 
presentation of the problem in section II. Validation of face-
candidate region and the required pre-processing and face 
shape pattern aping is described in section III. Section IV 
presents a face feature localization, followed by the some 
experimental results section V and conclusion. 

II. PROBLEM DESCRIPTION 

One of the most important problems for face detection is 
face validation of the region which contains skin image. The 
face shape could be easily approximated to an ellipse [4]. The 
 
1Diana Vasileva is with the Faculty of Telecommunications, 
Technical University of Sofia, Kliment Ohridski 8, 1000 
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next problem is that it may not be oriented vertically [5], 
which causes additional calculations and slows down the 
processing. The original image should not be rotated, because 
each operation, such as rotating and resizing causes loss of 
quality. For this reason, when masks are being realized, the 
algorithms should work with a copy of the original image. If 
necessary the image copy may be resized in case of very high 
resolution original image, because this significantly reduces 
the number of calculations required to process the image or 
mask [6][7]. 

 
A. Geometrical Models for Face Detection 

 
Face detection results depend on the classification methods 

used to detect the various areas of the face candidate image. 
This article concentrates on the geometrical features of the 

face. One of them is the face shape. The shape of the human 
face could be approximated to an ellipse, which is described 
by its center and two axes. To satisfy this criterion the face 
candidate area should have elliptical form. This is why an 
algorithm should be created for finding the center of the face 
ellipse and the vectors of its axes, which define its size and 
orientation in space. 

As next criterion, a comparison is used between the face 
candidate image area and the typical face features pattern. 
The skin holes on a face image are the areas of eyes and 
mouth. They also have simplified elliptical shape. For more 
accurate detection of these features, a model that represents 
them more precisely should be created. This is the cross-
section of the two circles, which lay over the features borders. 
The resulting arcs define the features shape much more 
accurately than an ellipse. 

Of course, not all detected skin regions contain faces. Some 
regions may correspond to hands and arms or other uncovered 
body parts, while others - to objects of color similar to the 
skin-color. Hence the second stage of face detection will 
employ facial features to locate a face in each of these skin 
face-candidate regions. 

 
B. Facial Features Localization 

 
In general, all image projection functions can be used to 
detect the boundary of different image regions. 
Suppose PF is a projection function, ξ is a small constant. If 
the value of PF rapidly changes from z0 to (z0 + ξ), then z0 may 
lie at the boundary between two homogeneous regions. In 
detail, given a threshold T, the vertical borders in the image 
can be identified according to: 

,        (1) 
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where Θv is the set of vertical critical points, such as {(x1, 
PFv(x1)), (x2, PFv(x2)), …, (xk, PFv(xk))}, which divides the 
image vertically into different regions. It is obvious that the 
horizontal critical points can be identified in a similar fashion. 
This property of PF can be well exploited in eye and mouth 
detection. If the projection function is applied separately for 
both directions (x and y) of the image, the horizontal and 
vertical projections are obtained. A rapid change between 
neighboring values indicates a boundary of an object.  

III. VALIDATION OF FACE-CANDIDATE REGION 

Using human color skin model, a skin probability image is 
obtained. Some regions can contain other not only face 
region. To eliminate for example hand, legs or other 
uncovered skin area we have to apply face detection 
algorithm. From this moment we’ll assume each skin region 
like separate work image. 

 
A.  Preprocessing:  Rotation of the Face Candidate Region  

 
Usually there is no information for testing images 

resolution, number of faces and their rotation in it. 
For this reason first at all, the face candidate regions are 

being detected separately using the probability skin image. 
For each region a back projection is computed using an image 
fragment from the original image containing only the Y 
component from YCbCr. So from this moment the algorithm 
works with the separated image regions and number of face 
candidates is known. 

If face candidate is vertically situated in the region, the 
position of the eyes and mouth will be determined more 
precisely. 

The rotation of the face region is estimated according to its 
gravity center. The angle θ is calculated as an adjacent angle 
between the straight line that connects the most distant point 
and the gravity center, and its perpendicular straight line.  

Each region point is rotated by its own radius at θ degrees, 
and as a result, the original coordinates x and y of each point 
are substituted by x’ and y’, so that  

   (2) 

 

    (3) 

For more accurate calculations further the algorithm works 
with the rotated images, because it is oriented directly to the 
X and Y axes. This decreases the number of calculations 
performed during the algorithm execution and avoids the 
necessity of interpolation. Although each rotation of picture 
elements causes unrecoverable data loss, it decreases the error 
rate and optimizes the processing. 

 
B. Face Region Determination using Face Shape Pattern 

 
The shape of human face may be approximated to an 

ellipse. The extents of the major and the minor axes of the 
ellipse can be approximated by the extents of the same skin 
face-candidate region along the axis directions.   

The aspect ratio of ellipse axis should also have a limit, it 
should be from  . The regions of pixels, which remain 
after this verification, are checked for elliptic shape (Tab. 1. 
(column “ bAxis/aAxis”)). 

The degree of the ellipse’s fit is determined by the number 
of pixels falling into that shape, specified by the computed 
parameters, ROC is calculated. This shape feature allows 
validation to be performed on all face-candidates (Fig. 3 b,c)). 
During this operation the intensity component (Y) only is 
used (binary mask). A binary mask is applied to the (Y) 
components of the identified skin-like areas from the original 
image(Fig. 3d, Fig. 4 a)). 

An ellipse is defined by its centre (x,y) of gravity, its 
orientation θ and the length a and b of the major and minor 
axes. The centre (x,y) of the ellipse is given by the gravity 
centre of the region. Because region is already rotated (2;3) 
the angle θ is assumed zero(Fig. 4b). 

For double recalculation to be avoided for x and y, the 
ellipse is visualized not with the standard equation 

,  (4) 

but as an angle function instead: 

; ;    

Second criterion is to determine the number of holes in face 
candidate region using the intensity (Y) component. For 
regions with large size and resolution, it is normal to have 
from 3 to 7 holes (eyebrows, eyes, nostrils, mouth and ear 
(profile)), for lower quality region the normal number are 3-5 
(eyebrows and eyes are connected, nostrils (depending on 
nose type and mouth)) and for bad quality images there are 3 
(eyebrows and eyes are connected and mouth). Based upon 
this criterion, if image quality is unknown, the following 
assumption can be made: if more than 7 holes are present the 
candidate region does not contain a face.  

Each skin area in the mask is compared to an ellipse using 
two criteria. The first one checks whether the match ratio is 
greater than 80% (Tab. 1. Column TP). If it is then the 
probability this area to contain a face is high. The second 
criterion is how many skin pixels are out of the ellipse. If this 
percent is less than 15% and the first criterion is satisfied, 
then we assume that this area contains a face, and the already 
built mask is increased by 10%, put directly on the original 
image after rotation by minus θ degrees.  

IV. FACE FEATURE LOCALIZATION 

The Sobel mask is applied on the Y (intensity) component 
of a verified skin region. We obtain grayscale image 
(BWimg) in which horizontal edges are detected. This image 
is used for eyes region location detection. We considered that 
eyes region obtain a level close to 255.  For eyes location is 
used Projection function (PF). According it is supposed that is 
the intensity of a pixel Int(x,y) with location (x,y) of image 
region. Vertical projection and horizontal one 

 in intervals [y1,y2] and [x1,x2] are defined as: 
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In general, all image projection function can be used to 

detect the boundary of different image regions. After applying 
the projection function it should detect a quick transition. 
Considering that  is mean value of   
and is mean value of : 

 

 
 
Where  and  

  - respectively, considering that the eyes are 
located in the upper half part of the image. 

Since eyes present a strong horizontal region is applied the 
horizontal integral projection function  in order to 
detect the horizontal location of the eyes in the image, where 
x1=1 and x2 = image length. Looking for the maximum of the 
IPF, we can extract the coordinates where the eyes are 
located. We extract the coordinates where the eyes are located 
applying to the following definitions: 

   

) 

where . 
First is being inscribed the flexible pattern for eyes and 

mouth in region with location found in 2.3.  
Eye pattern is represented like two curves which are parts 

of circles (Fig. 5a). Using the rectangle around the face 
features with most up and left point  and most right 
and down point  [right, down] of the face feature 
region is calculated the radius of circles R and their centers: 

               ;             (11) 

   (12) 
Mouth region location and flexible pattern is being found 

by analogy with eyes ( ) (Fig. 5b). 
It’s made a face pattern adaptation and verification using 

the frontal face elements. In order to apply the flexible eye 
pattern, first the precise iris location and radius should be 
found. For the corresponding region of the left or right eye, 
from (8), the enclosing rectangle is computed. Then, from the 

bottom of the rectangle a search is started for the face 
features.  As result are found the eyes and mouth locations in 
face region (Fig. 6). 

 
Fig. 1. Horizontal PF 

 
Fig. 2. Vertical PF 

 
Fig. 3.  a) original image; b) skin probability image; c) Skin   

region mask; d) Skin region separation mask 

 
Fig. 4 a) Face candidate images; b) Region contour and described  
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The method work with complex images which can contain 
more than one person (faces) and with complex background. 
Using skin color detection and region segmentation are found 
all face candidate regions separately.  

TABLE 1. 
RESULT OF PF, AXIS RATIO AND HOLES NUMBER OF 

DIFFERENT REGIONS FROM ONE IMAGE SAMPLE 

 

TP FP FN a 
Axis 

b 
Axis bAxis/aAxis Hole  

Numbers 

46.712 2.8912 50.3968 16 23 1.4375 3 

50.5068 4.1104 45.3829 21 22 1.0476 4 

41.8939 6.4394 51.6667 15 19 1.2667 0 

49.8636 6.9285 43.2079 14 21 1.5 1 

52.7058 2.096 45.1982 16 30 1.875 3 

69.6266 3.1421 27.2313 43 74 1.7209 10 

63.5779 9.7169 26.7053 10 22 2.2 1 

71.558 6.9746 21.4674 28 42 1.5 5 

73.7805 9.0701 17.1494 11 22 2 3 

96.2963 0 3.7037 2 9 4.5 5 

72.5359 6.0287 21.4354 19 25 1.3158 2 

86.217 3.3724 10.4106 3 8 2.6667 0 

97.9487 0.9744 1.0769 8 27 3.375 6 

Face region rotation angle determination contribute for the 
simplification and minimization for following operation.  

Flexible face pattern make face region verification with 
minimum calculation. Counting the number of holes and face 
enclose pattern can give not only face verification information 
but face region size and resolution with are very useful 
information for face recognition system. 

There made a prissily fitting of face features pattern. For 
eyes first are found irises positions. Eye and mouth pattern 
are fit by coincidence error minimization.   

The described algorithm could be used for different type of 
application like web image database or with high-definition 
image database because it is independent from the size of the 
input images. 
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Influence of Fading Parameter on Performance of SC 
System over Rician Fading in the Presence of Interference 

Mihajlo C. Stefanovic1, Dragan Lj. Draca2, Aleksandra S. Panajotovic3, Daniela M. 
Milovic4, Nikola M. Sekulovic5

 Abstract – Performance of dual selection sombining (SC) 
diversity system operating on correlated Rician fading channels 
in the presence of correlated Rayleigh distributed cochannel 
interference (CCI) is analyzed in this paper. The infinity–series 
representation for the probability density function (PDF) of 
output signal–to–interference ratio (SIR) at such SC receiver is 
used to study average symbol error probability (ASEP) for M-
PSK modulation scheme. Numerical results presented in this 
paper point out effects of correlation and  fading severity  on the 
system performance. 

 Keywords - Selection combining, Correlated Rician fading, 
Cochannel interference, Average symbol error probability.  

I. INTRODUCTION 

 The mobile terrestrial and satellite communication channel 
is particularly dynamic due to multipath fading propagation, 
having a strong negative impact on the average bit error 
probability (ABEP) of any modulation scheme [1]. Diversity 
is a powerful communication receiver technique used to 
compensate for fading channel impairments. The most 
important and widely used diversity reception methods 
employed in digital communication receivers are maximal-
ratio combining (MRC), equal-gain combining (EGC), 
selection combining (SC) and switch and stay combining 
(SSC) [2-3]. Among these diversity schemes, SC is the least 
complicated, since the processing is performed only on one of 
the diversity branches and no channel information is required. 
Traditionally, in SC the combiner chooses the branch with the 
highest signal-to-noise ratio (SNR), which corresponds to the 
strongest signal if equal noise power is assumed among the 
branches [2]. However, in interference-limited fading 
environments as in cellular communication systems where the 
level  of   the  cochannel  interference  is  sufficiently  high  as  

1Mihajlo C. Stefanovic is with Faculty of Electronic Engineering, 
University of  Nis,  Aleksandra Medvedeva 14,  18000 Nis,   Serbia,  
E-mail: misa@elfak.ni.ac.yu 

2Dragan Lj. Draca is with Faculty of Electronic Engineering, 
University of  Nis, Aleksandra Medvedeva 14, 18000 Nis, Serbia,   
E-mail: draca@elfak.ni.ac.yu 

3Aleksandra S. Panajotovic is with Faculty of Electronic 
Engineering, University of Nis, Aleksandra Medvedeva 14, 18000 
Nis,  Serbia, E-mail: alexa@elfak.ni.ac.yu 
 4Daniela M. Milovic is with Faculty of Electronic Engineering, 
University of  Nis, Aleksandra  Medvedeva 14, 18000  Nis, Serbia, 
E-mail: dacha@elfak.ni.ac.yu. 
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compared to the thermal noise [4–9], the most effective 
performance criterion is to select the highest signal-to-
interference ratio (SIR) [10-11]. There are many methods 
providing viable solutions for real-time SIR estimations under 
various channel conditions.  These solutions are based on 
either the method of moments or the histogram matching 
concept [12]. The circuits for measurement are composed of 
an envelope detector, an analog-to-digital converter and a 
microcomputer. They are described in [13].  
 Several statistical models are used in communications 
system analysis to describe fading in wireless environments. 
Rayleigh, Nakagami-m, Rice, and Weibull distributions are 
the most frequently used. Moreover, several problems in 
wireless communications theory involve bivariate and, in 
general case, multivariate distributions. Examples of such 
problems can be found in the performance analysis of 
correlative fading applications. Particularly, in practice due to 
insufficient spacing between antennas, when diversity system 
is applied on small terminals with multiple antennas, 
correlation arises between branches [11], [14-17]. Despite the 
usefulness of the Rice model, there are not so many papers 
studied bivariate Rician PDF. Complicated form of  bivariate 
Rician PDF was the reason to use numerical integration for 
calculation ABEP in [18]. Infinite–series representation of this 
PDF, presented in [16], converges rapidly, and thus, it can be 
efficiently used to analytical study performance criteria of 
dual-diversity receivers. In this paper, we consider SC 
diversity system with two correlated Rician fading channels in 
the presence of  Rayleigh distributed cochannel interference 
(CCI).  
 In order to study the effectivness of any modulation 
scheme and the type of diversity used, it is required to 
evaluate the performance of system over channel conditions. 
Well-known measures, commonly used in wireless 
communications systems, are the outage probability, channel 
capacity, the average output SIR or SNR, and average symbol 
error probability (ASEP). Capitalizing on  formula for PDF of 
output SIR at the SC receiver determined in our previous 
paper, ASEP for M-ary-phase shift keying (M-PSK, M = 8) 
modulation scheme is obtained. Numerical results for ASEP 
are graphically presented. 

II. AVERAGE SYMBOL ERROR PROBABILITY 

 The Rician distribution is often used to model propagation 
path consisting of one strong direct line-of-sight (LoS) signal 
and many randomly reflected and usually weaker signals. 
Such fading model may be used to model both the 
microcellular radio environments and the mobile satellite 
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fading channel [2], [19-20]. The novel form of bivariate 
Rician PDF is given as [21]: 
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where β is average power of r1 and r2 defined as 

2/2/ 2
2

2
1 rr ==β , K is Rice factor, )0(1 == kkε , i.e. 

)0(2 ≠= kkε , Ik (⋅) is the modified Bessel function of the first 
kind and k-th order and r is correlation coefficient,          
which is assumed to be real, and is defined 

( ) ( ) ( )2121 varvar,cov rrrrr = . 
 The bivariate PDF of Rayleigh distributed CCI is [10]: 
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where rA is correlation coefficient and 2/2/ 2
2

2
1

2 AAA ==σ . 
 Instantaneous values of SIR at the diversity branches can be 
defined as μ1 = r1/A1 and μ2 = r2/A2. In interference-limited 
environment the SC combiner chooses input branch with the 
largest SIR, i.e. μSC = max{μ1, μ2}. The PDF of μSC , 

( )μμSC
p , is shown in Eq. (3) at the bottom of the page, where 

2F1 (a,b,c,d) is Gaussian hypergeometric function [21-22]. 
 The average symbol error probability at the output of SC, 

seP , can be derived by averaging the conditional error 
probability, Pse (μ ), over PDF of the SC output SIR, i.e. [21], 
[23]: 

                           ( ) ( )∫
∞

=
0

μμμ μ dpPP
scsese  (4) 

( )μseP  is defined, for great number of modulation schemes, 
as: 

  ( ) ⎟
⎠
⎞

⎜
⎝
⎛= 2μμ BAerfcPse  (5) 

where ( )⋅erfc  is the complementary error function and A, B 
are constants the values of which depend on the specific 
modulation scheme under consideration, i.e. A = 1 and B = 
sin2 (π/8)  for 8-PSK [23]. 

III. NUMERICAL RESULTS 

 In this section, using the mathematical analysis from 
Section II, numerical results are presented for the performance 
of dual SC receivers over correlated Rician fading in the 
presence of  Reyleigh CCI. Using Eqs. (3), (4) and (5), the 
ASEP of 8-PSK is plotted in Fig. 1 as a function of input 
average-signal to average-interference power ratio for several 
values of Rice factor and correlation coefficient between r1 
and r2. The obtained  results show that error performance 
improves with the increase of K and decrease of r. These 
results have been expected because greater value of  K means 
less fading severity, i.e. less influence of fading on system 
performance. Diversity reception have been applied to 
mitigate the effects of fading and CCI, but in small terminal 
with multiple antennas correlation arises between branches. In 
that case system shows the worst performance. Comparison of 
results from  Figs. 1 (a) and 1 (b) shows the stronger 
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Fig 1.  Average symbol error probability of 8-PSK versus input average-signal to average-interference power ratio:  
a) rA = 0.2; b)  rA = 0.5. 

 

immunity of  M-PSK  system from changing rA than 
changing  r. Obtained numerical results show that ASEP 
converges  rapidly  and  the number of  required  terms  to  

converges rapidly and the number of required terms to 
achieve its significant four-figure accuracy is about 
thirteen.  
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IV. CONCLUSION 

 ASEP, the important performance metric, of dual branch SC 
diversity system operating over correlated Rician fading 
channels in the presence of Rayleigh distributed CCI had been 
studied in this paper. Capitalizing on an previous extracted 
PDF formula of SC output SIR, the ASEP for 8-PSK 
modulation scheme is obtained for different values of 
correlation coefficients. Various performance evaluation 
results for different fading channel conditions have been also 
presented.  
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Influence of Imperfect Carrier Signal Recovery on 
Detection of QPSK Signal using SC Technique in Rician 

Fading Channel 
Zlatko J. Mitrović, Bojana Z. Nikolić, Goran T. Đorđević 

Abstract - In this paper, the analysis of the reception of 
quadrature phase-shift keying (QPSK) signal in the Rician 
fading channel is presented. Selective combining (SC) and then 
demodulation and detection of the input signal are performed in 
the receiver while the estimation of the phase of received signal is 
not ideal. The bit error rate (BER) is obtained for arbitrary 
number of branches. The influence of non-ideal estimation of the 
phase of an input signal as well as the influence of the number of 
diversity branches to the dependence of average BER on average 
signal-to-noise ratio per bit in a channel is considered. 

Keywords -  Diversity systems, Error probability, Phase-shift 
keying, Probability density function, Rician fading 

I. INTRODUCTION 

In wireless communication systems, the variation of 
instantaneous value of the received signal, i.e. fading of the 
signal envelope is very common effect, due to the multipath 
propagation. Fading is one of the main causes of   
performance degradation in wireless communication systems 
[1-10].  

Diversity technique is certainly one of the most frequently 
used methods for minimizing of fading effect and increasing 
the communication reliability without enlarging either 
transmitting power or bandwidth of the channel. The outline 
of this technique is that the same information is transmitted 
over few different non-correlated channels. In that way the 
influence of the fading onto each particular channel is 
independent. Signals from different channels are, then, 
combined in order to obtain the resulting signal. In that way 
the influence of the fading is mainly reduced. Particular 
diversity methods and combining techniques are presented in 
[1-10]. 

Selective combining (SC) is combining technique where 
the strongest signal is chosen among L branches of diversity 
system. The criterion for the selection of the branch is the 
largest value of instantaneous signal-to-noise ratio among the 
branches [1-3], [6], [7], [10]. 

Unlike in other combining techniques, a cophasing in the 
receiver is not required in SC technique, because, only one 
branch, one with the best characteristics in that precise 
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moment, is chosen. Although SC technique brings the 
smallest improvement of receiver performances, the simplicity 
of practical realization makes the mentioned technique widely 
spreaded [1], [2], [6], [7]. That is the reason why all the 
calculations for receiver performances in this paper will be 
presented for SC technique at the reception.  

The phase-locked loop (PLL) is used for carrier signal 
recovery from non-modulated signal in the receiver. As the 
receiver is not ideal, a certain phase error appears. The phase 
error is a difference between the phase of the incoming signal 
and the phase of the recovered carrier signal in the loop. It is a 
statistical process which has Tikhonov distribution [4], [5], 
[11].   

In the following, the analysis of quadrature phase-shift 
keying (QPSK) signal detection in Rician fading channel is 
presented. Rician fading model is widely used for both 
outdoor cellular systems and indoor 800/900 MHz radio 
channels [8]. The selective combining of the signals from L 
branches is performed before the detection. The analysis is 
performed with the assumption that the carrier signal 
extraction is not ideal. The analytical expressions for 
probability density function (PDF) of the signal envelope are 
determined, as well as the expressions for the average bit error 
rate (BER) in detection.  Using these expressions, the 
dependence of average BER on average signal-to-noise ratio 
per bit is obtained for different number of diversity branches L 
and different standard deviations of phase error ϕσ . Also the 
graphs which represent the dependence of average bit error 
probability on standard deviation of the phase error in the 
receiver, ϕσ , are shown for the case of QPSK signal 
detection.  

II. MODEL OF THE SYSTEM 

We shall initially introduce a transmitter which sends 
digitally phase-modulated signal with M levels (MPSK) in a 
form )cos( 00 Φ+tA ω . For QPSK signal (M=4), depending on 
a sent symbol, 0Φ  can take following values from the set 

}
2

3,,
2

,0{0
πππ

∈Φ . After the propagation through the fading 

channel, signal in k-th branch has the form (Fig. 1): 
 ( ) )())(cos()( 00 tntttrtz kkkk ++Φ+= γω , (1) 

where ( )trk  is the envelope of the received signal, 0ω  the 
angular frequency of the carrier,  transmitted phase of the 0Φ
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signal, )(tkγ  the random phase (the phase noise caused by  
multipath fading), and  is the additive white Gaussian 
noise in k -th diversity branch with zero mean value and 
variance . It is assumed that the noise power is same in 
every diversity branch and fading is uncorrelated among 
different branches.  

)(tnk

2σ

 

 
(a) 
 

 
(b) 

 
Fig. 1. (a) Selective combining and (b) signal detection of QPSK 

signals. 
 
Regarding the above mentioned assumption, the chosen 

branch in the combining circuit is the one in which the 
envelope of the received signal has the largest value. As it is 
shown in Fig.1, the signal envelope at the output of the 
combining circuit is: 

 .  (2) )}(),...,(),...,(),(max{)( 21 trtrtrtrtr Lki =

After the combining, signal is first led to the band-pass 
filter (BPF) with central frequency . The filtered signal is 
then multiplied by the signal in phase and in quadrature from 
the estimator of reference carrier. This estimation is based on 
the filtered signal itself. Resulting signals are next led into the 
low-pass filters (LPF) and sampled in moments t=t0. Finally, 
decision block determines, using signals from both branches, 
which phase of the signal is transmitted. As an  output data, 
the calculated phase  is obtained. The detector computes 
the metrics 

0f

0Φ̂

{ }2/3,,2/,0, 0 ∈Φ

The purpose of the PLL is to estimate the phase of the 
incoming signal. In ideal case, the estimated phase should be 
equal to the phase of the incoming signal )(tiγ . However, in 
practical realizations there is certain disagreement between the 
estimated phase )(ˆ tγ and the phase of the signal )(tiγ . This 
disagreement is phase error and it is expressed as 

)t(ˆ)()( tt i γγϕ −= . 
The PDF for this phase error corresponds to Tikhonov 

distribution [4], [5], [11]: 

 ,
)(I2

e)(
0

cos

απ
ϕ

ϕα

ϕ ⋅
=

⋅
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where the parameter α  represents the signal-to-noise ratio in 
the PLL circuit and gives the information about the 
preciseness of phase estimation of incoming signal. It can be 
assumed  21 ϕσα = , where ϕσ  is a standard deviation of the 
phase error [4], [5], [11]. Modified Bessel function of the first 
kind and order zero is given as . )(0 ⋅I

The PDF of the signal envelope at the output of the 
combining circuit with L branches can be written as [3]: 
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Rician distribution with same characteristics the expression 
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After the classical analysis of the signal detection [9], [10], 
the expression for the conditional BER for QPSK signal, as a 
function of symbol signal-to-noise ratio in the channel 
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= , )(22 tn=σ  and phase error ϕ , can be presented 
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The average BER is: 
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s=ψ   and selects the 0Φ  that gives the minimum 

metric. Based on this phase , the decision about the sent 
bits is made. 
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where it is 4=M  for QPSK signal, 2ρ  is the bit signal-to-
noise ratio, and is the logarithm to base 2, )(2 ⋅log K  is the 

value of Rician parameter ( ), 22 2/ FAK σ= )erfc(⋅  is the 
complementary error function. As it is already known, for 
K=0 Rician fading becomes Rayleigh fading.  

III. NUMERICAL RESULTS 

Using (7), one can calculate average BER for Rician fading 
channel and discuss performances of the receiver for different 
values of Rician parameter K, standard deviation of phase 
noise ϕσ , as well as for different number of diversity 
branches L.  

The influence of diversity order on the performances of the 
receiver can be observed from Fig. 2 where dependence of 

average BER on average signal-to-noise ratio per bit ( 2ρ ) is 
shown for different values of parameter . With the increase 
of the diversity order, performances of the receiver improve. 
However, larger number of diversity branches reduces the 
additional gain and increases the complexity of the system. 
Therefore, it is necessary to find a compromise between the 
performances of the system and its complexity. Power gain is 
the biggest when order of diversity system changes from 

 to . For example, in order to obtain the same 
values of BER= , it is necessary for average signal-to-

noise ratio to reach the value of 

L

1=L 2=L
410−

242 =ρ dB for 1=L ,   

85,112 =ρ dB for , 2=L 5,92 =ρ dB for 3=L ,  

6,82 =ρ dB for  and 4=L 82 =ρ dB for  . It can be 
noticed that the gain is reduced with the increase of the order 
of diversity system. In Table 1 calculated power gains are 
presented in dB. 

5=L
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Fig. 2. Influence of the number of the branches L to the performances 
of the receiver. 

 

TABLE I 
E AVERAGE BIT SIGNAL-TO-NOISE RATIO IN THE GAIN OF TH RECEIVER 
FOR CHANGE OF M ORDER, L  

r 
em  L  

 DIVERSITY SYSTE
(FOR BER=10-4) 

Crossing from lower to highe
order of diversity syst

gain 2ρ   

from L=1 to L=2 12,15 dB 
from L=2 to L=3 2,35 dB 
from L=3 to L=4 0,9 dB 
from  L=4 to L=5 0,6 dB 

 
T  influence of the carrier extractor quality (the increase 

of ϕ

he
σ  ) on t rformances of QPSK rec s presented in 

Fig. 3 for 4
he pe eiver i

=L  and Rician pa meter 12=ra K dB. One can 

notice that for larger values of 2ρ , the irreducib floor 

(BER floor) appears. Therefore, no increase of 

le error 
2ρ  can cause 

the BER to fall under the certain value.  It is because some of 
the received bits can be wrongly detected, due to the error in 
PLL, even when the power of additive Gaussian noise is 
approaching zero.  

 

0 5 10 15 20 25
10-8

10-7

10-6

10-5

10-4

10-3

10-2

10-1

 σ
ϕ
=00

 σ
ϕ
=50

 σ
ϕ
=70

 σ
ϕ
=100

 σ
ϕ
=130

 σ
ϕ
=150

L=4B
ER

average bit signal-to-noise ratio per bit [dB]

Rician parameter K=12dB

 

F  
PSK signal with Rician fading for 4th order diversity systems. 

shown en of 

 
ig. 3. Influence of the carrier extractor quality on the detection of
Q
 
Dependence of bit error probability on signal-to-noise ratio 

per bit is in Fig. 4 for differ t values Rician 
parameter: 0=K  (Rayleigh fading), 4 dB and 12 dB. A 
significant influence of Rician parameter on the error 

probability can be noticed when 2ρ is in the range of values 
from 10 dB to 20 dB. The influence of Rician parameter K on 

the BER decreases for large values of  2ρ . In this range, 
deviation of the phase error i uences only the error 

probability.  For large values o

nfl

f 2ρ , all the curves become 

one. With further increasing of 2ρ , the error probability stays 
constant and  amounts to approximately 2,4⋅10-10 (see Fig. 4). 
So, for the receiver which is designed to have standard 
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f the receiver exists for the 
va e of the BER of around 10-7 . 

 

deviation of phase error 7o and uses SC technique with four 
diversity branches, the error probability can not be reduced to 
the value under 2,4⋅10-10, for any value of other parameters. 
From Fig. 4 one can see that the biggest influence of the 
parameter K to the performances o

lu
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The dependence of average BER on phase noise standard 

deviation is shown in Fig. 5, while the average signal-to-noise 
ratio per bit is used as a parameter. In Fig. 5 it can be seen that 
the curves of error probability dependence on phase noise 
standard devia es 

°= 3ϕσ .  
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number of receiving antennas).  More detailed comments on 
these results are presen rt of this paper.  

[1 W. C. Lindsey, M. K. Simon,   Telecommunication Systems 
Engineering, Prentice-Hall, Inc., Englewood Clifs, NJ, 1973. 

 
 2

srρ . 

IV. CONCLUSION 

From the previously performed analysis of selective 
combining of QPSK signal in Rician fading channel, the BER 
is determined in the presence of the imperfect reference 
carrier extraction. On the basis of presented results it can be 
concluded in which measure standard deviation of the phase 
error has the influence on the performances of the receiver. It 
is shown that the stochastic phase error yields a BER floor. 
This BER floor is determined for different values of phase 
error standard deviation. Furthermore, the influence of 
number of diversity branches on the performances of the 
system was examined and it is established how much the 
value of the BER is reduced with the increase of the number 
of branches. Obtained results enable one to find a compromise 
between the efficiency (which is measured by the value of 
BER) and the complexity of the receiver (measured by

ted in previous pa
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Analysis of EGC Diversity with Partially Coherent 
Weibull Fading Signals 

Goran T. Đorđević1, Aleksandra M. Cvetković2, Mihajlo Č. Stefanović 3 

 
Abstract – An equal gain combining (EGC) receiver for the 

binary phase-shift keying (BPSK) and quaternary phase-shift 
keying (QPSK) signals that propagate over Weibull fading 
channels is analyzed in this paper. We determine the bit error 
rate (BER) degradations caused by incoherently combining. The 
results clearly show the effects of imperfect reference signal 
recovery and fading severity on the EGC receiver performance. 
The numerical results are obtained by numerical integration 
with previously given accuracy and confirmed by Monte Carlo 
simulations.  

 

Keywords – Bit error rate, Equal gain combining, Phase error, 
Phase-Shift Keying 

I. INTRODUCTION 

In order to diminish the influence of multipath fading on 
signal detection, spatially separated receiver antennas at the 
receiver as well as combining signals from different receiver 
branches can be used. The diversity receivers with equal gain 
combining (EGC) technique are often used in practice. EGC is 
suboptimal combining technique which, at the exit of the 
combining circuit, achieves slightly smaller values of 
instantaneous signal-to-noise ratio when compared to optimal 
combining (MRC – maximum ratio combining), but is, on the 
other hand, relatively simple to implement and therefore often 
applied in practice. With this combining technique signals at 
all branches are cophased, equally weighed and summed to 
give the resultant output signal [1]. Cophasing eliminates 
random signal phase fluctuations occurring during 
transmission. The estimation of receiver signal phase is 
needed for cophasing. The estimation of received signal phase 
is accomplished by using a receiver modulated or 
unmodulated carrier. 

In the previous papers regarding this problem it was mainly 
assumed about incoming signal perfect carrier phase 
estimation, e.g. [2-3]. Only in papers [4-5] the influence of the 
imperfect estimation of the received signal phase to the 
system performance was discussed. Paper [4] discusses the 
phase  
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error influence on bit error rate (BER) values when detecting 
digital binary phase-shift keying (BPSK) and quaternary 
phase-shift keying (QPSK) signals.  The analysis was done 
under assumption that identical and statistically independent 
Rayleigh fading is present at receiver antennas. Paper [5] 
presents derived closed-form expressions for outage 
probability and average BER in detecting BPSK and QPSK 
signals transmitted over correlated Nakagami-m fading 
channels. EGC technique with dual branches is observed. 

Weibull distribution is very often used for fading modeling 
in urban environments in cases when Rayleigh distribution is 
inadequate. This distribution is empiric and is originally used 
as a statistical model for system reliability analysis [6-7]. It 
was shown in paper [6] that Weibull distribution gives best fit 
with measurement results for DECT (digital enhanced 
cordless telecommunications) systems working at 1.89 GHz. 
Also, the measurement results at 900 MHz presented in paper 
[7] show that this distribution can also be used and as a model 
of outdoor multipath fading. Fading model with Weibull 
distribution implies signal consisting of a cluster of multipath 
waves in nonhomogenous environment. The resulting 
envelope is obtained as a nonlinear function of the modulus of 
the multipath component sum. 

This paper presents the analysis of average BER in 
detecting BPSK and QPSK signals over Weibull fading 
channels. Receiver uses EGC technique. Receiver signal 
phase estimation is done from  unmodulated carrier and is not 
perfect. The difference between the incoming signal phase and 
estimated signal phase is stochastic process which has 
Tikhonov probability density function specified through 
standard deviation [4-5], [8]. It is shown to what extent an 
imperfect phase estimation influences BER values.  

II. SYSTEM MODEL 

Signal on i-th receiver antenna (Fig. 1) can be given as 

 ( ) ( ) ( ) ( ) LitnAeetrts i
jtj

ii
ni ,...,2,1, =+⋅= φγ , (1) 

where ri(t) is fading envelope, γi(t) is random phase shift 
which occurred during signal transmission over fading 
channel. Fading at each antenna is frequency nonselective, 
during one symbol it does not change, it is independent from 
symbol to symbol and there is no correlation between fading 
on different antennas. Probability density function of fading 
envelope is Weibull [1]: 

 ( ) ( ) 0,/exp1 ≥Ω−⋅
Ω

= −
iiiir rrrrp

i

ααα
,  (2) 
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where α is fading parameter, Ω=E{ri
α}, E{.} denotes 

mathematical expectations. It can be shown that n-th moment 
is [1] 

 { } ⎟
⎠
⎞

⎜
⎝
⎛ +ΓΩ=

α
α nr nn

i 1E / , (3) 

where Γ(.) is Gamma function [9, eq. (8.310/1)]. The 
amplitude of useful signal is denoted with A and it can be 
assumed without loss of generality that it is equal to one. With 
φn we denote signal phase in which information about sent 
symbol is written. In the case of BPSK signal φn can have one 
of the following values: {0, π}, and in the case of QPSK 
signal φn can have one of the following values: {π/4, 3π/4, 
5π/4, 7π/4}. If we count that square mean value of signal 
envelope equals one 
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Zero mean Gaussian noise with variance σi
2 for i-th receiver 

branch is denoted with ni(t). Standard deviation of this 
Gaussian noise was given with 

 { } ( )ib NE
ii Mr 0/

2
2 10log2/E ⋅⋅=σ , (6) 

where M is the number of phase levels, (Eb/N0)i is average 
signal energy per bit to noise power spectral density ration for 
i-th receiver branch and is given in decibels. It is 

. ( ) ( ) ( ) 002010 //...// NENENENE bLbbb ====
After signal cophasing at all branches, the resulting signal 

after combining is 

 ,  (7) ( ) ( ) ( ) ( )( )∑
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where L is the number of receiver branches. The difference 
between receiver signal phase γi(t) at i-th receiver branch and 
estimated phase ( )tiγ̂  at that receiver branch is denoted with 

( ) ( ) ( )ttt iii γγϕ ˆ−= . If phase estimation is done using phase-
locked loop (PLL) from unmodulated carrier and if only 
Gaussian noise is present in the phase-locked loop circuit, 
then probability density function of this phase error is [4-5], 
[8] 

( ) ( )( )
( ) πϕπ
ς

ϕς
π

ϕϕ ≤<−
⋅

= i
i

ii
ii

p ,
I

cosexp
2
1

0

, (8) 

where I0(x) is modified Bessel function of the first kind and 
zero order for the argument x [9, eq. (8.406)], ζi is signal-to-
noise ratio in the PLL circuit at i-th receiver branch, which 
can be denoted through phase error variance σϕ

2 [4-5], [8] 
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Fig. 1. EGC receiver model 

 
After analysis of EGC receiver and mathematical 

manipulations it can be shown that the BER of BPSK and 
QPSK signal detection are given with 
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where erfc(.) is complementary error function [10, eq. 
(7.1.2.)], p ϕ(ϕ) is joint probability density function of the 
vector ϕ=( ϕ1, ϕ2,..., ϕL), which is, considering that ϕi, 
i=1,2,...L, are independent, given with 

 ,  (12) ( ) ( )∏
=

=
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i
ii
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and pr(r) is joint probability density function of the vector 
r = (r1,r2,...,rL), which is, considering that also ri, i=1,2,...L, 
are independent, given with 
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III. NUMERICAL RESULTS 

Numerical results are obtained by applying both numerical 
integration and Monte Carlo simulation. In order to obtain 
BER of BPSK and QPSK signal detection it is necessary to 
perform numerical integration in terms (10) and (11). If we 
consider dual branch EGC receiver quadruple numerical 
integration occurs. Numerical integration was done by 
applying Gaussian type quadrature formulas along with 
increasing the number of nodes until previously assigned 
accuracy is achieved. The BER values are estimated on the 
bases of 4000 bit errors. In addition, minimum number of 
symbols that is used during evaluation of any BER value is 
104 and maximum 231-1 symbols are used in simulations. 

Figs. 2 and 3 show phase error deviation influence on 
average BER values of BPSK and QPSK signal detection. 
From Fig. 2, where presented results are related to BPSK 
modulation format, we can notice that curves of BER 
dependences on Eb/N0 almost overlap for σϕ values from 0o to 
15o. We can see from both figures, that for mean values of 
Eb/N0, the BER sharply decreases with the increase of Eb/N0. 
BER remains constant with Eb/N0 increase for large Eb/N0 
values. This BER floor depends on phase noise standard 
deviation value. For example, from Fig. 3 we can observe that 
BER floor increases from 3.3⋅10-6 to 2.1⋅10-3 if σϕ increases 
from 12.5o to 20o.  
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Fig. 2. Influence of phase error on BER for BPSK modulation 

 
The phase noise standard deviation influence on BER is 

more clearly shown in Figs. 4 and 5. It is obvious that QPSK 
modulation format is much more sensitive to the phase error 
than BPSK modulation format. Values of BER for BPSK 
modulation format have constant value of σϕ around 18o, after 
which they considerably increase. In the case of QPSK 
modulation format, values of BER are already starting to raise 
for σϕ around 8o. 

The influence of Weibull fading parameter on BER values 
for BPSK and QPSK detection is presented in Figs. 6 and 7. 
BER floor values, occur because of non ideal extraction of 
reference carrier, depend to certain extent on fading 
parameter. For example, during QPSK signal detection and in 
order to achieve BER=10-5 for α=4, Eb/N0 needs to be 15.4 

dB, while in the case of α=2 (increased severity fading 
compared to the previous case) needed value of Eb/N0 is 29.1 
dB. 
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Fig. 3. Influence of phase error on BER for QPSK modulation 
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There is exceptionally good agreement between numerical 
results obtained by numerical integration and results obtained 
by Monte Carlo simulation. 
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Fig. 6. Influence of Weibull fading parameter on BER for BPSK 
modulation 
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Fig. 7. Influence of Weibull fading parameter on BER for QPSK 
modulation 

IV. CONCLUSION 

The presence of Gaussian noise in PLL circuit causes the 
random fluctuations of recovered carrier signal phase. In other 
words, regenerated phase has non zero standard deviation. 
This paper establishes the relation between the phase error 
standard deviation and the BER for EGC receiver during 
BPSK and QPSK signals detection that propagate over 
Weibull fading channel. By using the procedure and the 
results presented in this paper it is possible to calculate needed 
phase noise standard deviation value under the condition that 

previously assigned BER is not exceeded. Based on this it is 
possible to optimize the circuit for estimate incoming signal 
phase in order not to exceed this calculated value of phase 
error standard deviation. 

This paper shows that random phase error causes 
appearance of BER floor (Figs. 2 and 3). It is established that 
values of phase error standard deviation considerably affect 
values of this BER floor (Fig. 2 and 3). Results in Figs. 4 and 
5 show to what extent QPSK signal detection is more 
sensitive to the influence of non ideal incoming signal phase 
estimation than BPSK signal detection. As it was said before, 
during BPSK signal detection, BER values are almost the 
same until around σϕ=18o, while during QPSK signal 
detection BER considerably got worst already for σϕ=8o. It 
was shown to what extent fading parameters, in combination 
with non ideal phase estimation, influence BER values (Figs. 
6 and 7).  
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Outage Probability of Dual-Hop Non-regenerative 
Relaying System over Weibull Fading Channels 

Aleksandra M. Cvetkovic1, Dejan N. Milic 2, Jelena A. Anastasov 3 

 
Abstract - In this paper analytical approach for evaluating 

performance of dual-hop cooperative link over Weibull fading 
channel is presented. The expressions for the outage probability 
for both, channel state information and fixed gain relay are 
derived. Numerical results are also presented. Performances are 
compared for both types of non-regenerative relays.  

 

Keywords – dual hop cooperative system, non-regenerative 
relay, outage probability, Weibull fading. 

I. INTRODUCTION 

Recently, non-regenerative dual-hop cooperative links have 
gained great interest in wireless communication systems [1]. 
When the annoyances over direct transmission path are 
evident, the third terminal between the source and destination 
one, may be used. The scheme is known as a cooperative 
diversity scheme with dual-hop transmission link which 
enables better communication between nodes [2]. 

The concept of cooperative diversity is often used in 
diversity systems. Mobile users relay signals for each other 
and exploit all the benefits of spatial diversity. There is a 
number of research papers on multiuser spatial diversity 
systems with channel-state-information-(CSI) based relays 
over Rayleigh [3] and Nakagami-m [4] fading channels. 
Certain low complexity cooperative protocols using the three-
terminal cases have been proposed [4, 5]. These protocols 
have been applied with different relaying models in 
regenerative and non-regenerative relays. Amplify-and-
forward is a non-regenerative relaying model, while decode-
and-forward is a regenerative one. CSI-based relays use  
instantaneous CSI of incoming signals to control the output 
gain and thus limit the power of transmitted signal. Non-
regenerative relay is an alternate configuration employing the 
fixed gain relay. The case of fixed gain relay has a simpler 
practical realization [4, 5]. 

In wireless communications, the presence of reflectors in 
the environment surrounding a transmitter and receiver create 
multiple paths that a transmitted signal can traverse. 
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As a result, the receiver sees the superposition of multiple 
copies of the transmitted signal, each traversing a different 
path [6, 7]. Recently, Weibull fading channel model has been 
used to analyze performance in mobile communication 
environment. Specifically, it has been used for evaluation of 
statistical parameters of different space-diversity techniques, 
such as outage probability and average output SNR [8, 9]. 
Weibull distribution is often used to describe environments in 
which Rayleigh distribution is not an adequate choise. 

In this paper, an approach to the performance analysis of 
non-regenerative dual-hop cooperative system over Weibull 
fading channel is presented. Useful analytical and numerical 
results are derived. The outage probability function is 
evaluated for both channel state information and fixed gain 
relays, using selection combining receiver. Numerical results 
are presented for variety of average signal-to-noise ratio 
threshold parameters on direct path. 

II. MODEL OF NON-REGENERATIVE 
COOPERATIVE SYSTEM 

Model of a wireless communication system using the 
cooperative diversity link considered in this paper, is shown in 
Fig. 1.  

 
 
 R rr 21
 
 DS r0 

Fig. 1. Model of system 
 

The source terminal S communicates with the destination 
terminal D over direct path as well as over the cooperative 
one. Period of transmission is divided into two signaling 
intervals. During the first interval, terminal S communicates 
with the relay terminal R and the destination terminal D. 
During the second interval, only the relay terminal R 
communicates with the terminal D [2]. The destination 
terminal combines the received signals using a SC. Assuming 
that S is transmitting a signal with an average power 
normalized to unity, the instantaneous equivalent SNR of the 
dual-hop path can be expressed as [2]: 
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In Eq. (1), ri represents fading amplitude on i-th path, where 
i=0, 1, 2 (with r0 representing the fading amplitude on direct 
path), N0,i represents one-sided power spectrum density of  
additive white Gaussian noise on i-th path, and g is the relay 
gain. Since ri is modeled as Weibull random variable (RV), 
the instantaneous SNR, γi=ri

2/ N0,i, is a distributed RV with 
probability density function (PDF) given by: 
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where αi represents the Weibull fading parameter. With 
increasing αi, fading severity becomes less significant, and 
vice-versa. For αi = 2 Weibull distribution becomes a 
Rayleigh distribution. We consider a case where fading 
parameter over direct link is α0, and fading parameters over 
the two indirect relaying links are equal, α1=α2=α. 
Cumulative distribution function (CDF) of a Weibull RV can 
be written as: 
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When considering a CSI relay, the gain is used to 
adaptively limit the output power, and is given by [10]: 
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Therefore, the instantaneous equivalent SNR of the dual-
hop path can be expressed as [3]: 
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By contrast, when R has a fixed gain given by [11]: 
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instantaneous SNR of dual-hop path can be expressed as in 
[11]: 
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III. OUTAGE PROBABILITY 

If there is selection combining in terminal D, equivalent 
output SNR is evaluated as γeq,sc=max(γeqi, γ0). The outage 
probability, for independent signal, can be defined as 
probability which falls below a given threshold and expressed 
as [12]: 

 [ ] ( ) ( )theqiththsceqrout FFPP γγγγ γ 0, =≤=   (8) 

In the above equation, Fγ0  is CDF on the direct path and 
can be evaluated based on Eq. (3). CDF of equivalent SNR of 
the relayed fading channel is evaluated next. Moreover, 
Weibull fading parameter α0 over direct path is less than the 
two fading parameters α  over cooperative link, corresponding 
to a situation where a direct path is affected by a more severe 
fading. It follows that fading severity over cooperative path is 
less than that one over direct path. For the case of non-
regenerative link with fixed gain relay, the cumulative density 
function is given by: 
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By substituting Eqs. (9) and (3) into Eq. (8), the outage 

probability and cumulative density function for dual-hop link, 
when gain relay is variable and based on channel state 
information, can be evaluated. 

For the case of fixed gain relay CDF can be written as: 
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By substituting Eqs. (10) and (3) into Eq. (8), the outage 
probability for the system shown at Fig. 1, using the fixed 
gain relay, can also be evaluated. 

IV. NUMERICAL RESULTS 

In this section, according to analytical expressions for 
outage probability of cooperative dual-hop non-regenerative 
link with fixed gain relay, numerical results are presented in 
the figures below. Fig. 2 depicts the outage probability as a 
function of the average SNR of the direct link, 0γ , for both 
types of relays. Thereat, CSI-based relay and fixed gain relay 
are considered. Comparing the performance between relay 
over cooperative link and transmission over direct path, it is 
evident that the outage probability of non-regenerative relay is 
less than that of direct link. It can also be seen that for large 
SNR values performance gain of both non-regenerative relays 
increases. 

 

0 5 10 15 20
10-4

10-3

10-2

10-1

100

  fixed gain relays
  CSI-based gain relays
  without relays

P
ou

t

γ0 (dB)

α0=2

α=3
γth=5 dB

γ1=2γ0 

γ2=5γ0 

 
Fig. 2. Outage probability of both non-regenerative relays and direct 

path relay versus average SNR 0γ  
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Fig. 3. Outage probability of dual-hop cooperative links with CSI-
based relay and fixed gain relay versus SNR 0γ  

In Fig. 3 and Fig. 4 comparation between CSI-based and 
fixed gain relay performance is depicted graphicaly. In Fig. 3, 
outage probability for different SNR values of transmission 
from terminal  R to destination terminal D, is presented. If 
average SNR values of cooperative transmission (from 
terminal  R to destination terminal D) increase, then the 
outage probability decreases. For larger values of 2γ , dual-
hop systems employed with fixed gain relays outperform 
those with variable gain. In Fig. 4, we consider influence of 
fading severity on outage probabilities. Furthermore, it is 
observed that as α  increases, system performance becomes 
better. Considering the higher complexity nature of CSI-based 
relays, our results show that fixed gain relays may serve as an 
efficient replacement in relayed transmission. This is evident 
for lower SNR values where performance improvement of 
CSI-based relays is insignificant. When the fading severity is 
relatively low, fixed-gain relays can be effective up to a 
higher range of SNR values. 
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different transmission conditions 
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Also, it is interesting to note that for medium and large 
SNR values CSI-based relays outperforms those with fixed 
gain (Fig. 5). At the other side, for low SNR values fixed gain 
relay outperforms CSI-based relay. This happens due to the 
fact that the maximum value of the CSI-based gain relays, 
g1=1/N0, when α1->0, which is very possible in the low 
average SNR regime [2]. 

V. CONCLUSION 

In this paper, the performance analysis of dual-hop 
cooperative diversity system using non-regenerative relays 
and selection combining at destination terminal has been 
considered. Analytical and numerical results of outage 
probability over Weibull fading channels has been presented. 
It can be seen that dual-hop links outperform the systems with 
direct links. Also, our results show that fixed gain relays can 
in some cases be used in place of CSI-based relays of higher 
comlexity. If the terminal R is optimaly located, fading 
severity will decrease, thus providing better system 
performance. 
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Level Crossing Rate of Phase Process and FM Noise in 
Nakagami-q Fading Channel Influenced by Interference 

Mihajlo Č. Stefanović, Marko D. Petković 

 
Abstract – The phase crossing statistics and random FM noise 

are studied for Nakagami-q fading channel model, in the 
presense of interference. A closed-form joint PDF of phase 
process and random FM noise is derived. Expression for the level 
- crossing rate of the phase process when crossing arbitrary level 
of phase, is also obtained. All results are compared with the 
known results in special case of zero interference amplitude. 
Moreover it is also considered the special case when Nakagami-q 
fading channel reduces to Rayleigh fading channel. Several plots 
are given to show how derived values evolve when an amplitude 
of interference increases. 
 

Keywords—Level crossing rate theory, Nakagami-q fading 
channels, phase process, FM noise, interference. 

I. INTRODUCTION 

In wireless communications, the signal phase and envelope 
fluctuates randomly throughout the propagation environment 
in a fast fading condition. The most representative 
distributions, used to describe signal anvelope are the 
Rayleigh, Rice, Hoyt (Nakagami-q), and Nakagami-m. The 
Nakagami-q fading channel model [2] is one of the often used 
channel models for the description of the statistics of envelope 
fading and phase fluctuations in narrowband mobile 
communication systems.  

The Nakagami-q model has been proposed originally as a 
suitable stochastical model to describe the distribution of the 
signal amplitude recorded on satellite links subject to 
ionospheric scintillation [2].  

Recently, it has been used more and more frequently in 
performance analysis of mobile radio communications [3], 
[4]. Furthermore, it is shown in [5] and [6] that this model is 
applicable for describing the statistics of the fading envelope 
of real-world mobile radio channels. 

In particular, the Hoyt model [2] considers the in-phase and 
quadrature signal components as Gaussians with zero means 
and arbitrary variances. For the case of identical variances, the 
Hoyt distribution reduces to the Rayleigh. In recent years, 
different statistics concerning the Hoyt model have been 
investigated [1,4,9]. In [9], authors derived exact, closed-
form, and general expressions of the marginal and joint 
moments as well as of the correlation coefficient of the 
instantaneous powers of two Nakagami-q signals. 
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The statistical properties of the phase process and its time 
derivative, known has random frequency modulation (FM) 
noise, are also of interest in some applications. For example, 
these properties plays an important role in the design of 
optimal carrier recovery schemes needed in the 
synchronization subsystem of coherent receivers [13]. A 
pioneering work in this matter was carried out by Rice in his 
classical paper [14], in which the aim was to evaluate the click 
noise in FM systems, assuming the noise spectrum to be 
symmetric about the sine wave frequency. Also, in the FM 
receivers which using a limiter-discriminator for detection 
random FM spikes generated by phase jumps deteriorate the 
error-rate performance [15].  

In all cases, the level crossing theory plays a central role in 
the determination of the statistical properties of the channel 
phase and random FM noise. Level crossing rate (LCR) of the 
phase process and average fade duration (AFD) are important 
second-order statistical quantities, extensively explored in the 
literature. The rapidity of the fading is given by level crossing 
rate. It quantifies how often the anvelope or phase process 
crosses some level, usually in the forward direction. The 
average fade duration is the expected time when the signal 
envelope (or phase) is continuously below the specified 
threshold. Closed form of the level crossing rate quantity for 
Nakagami-q fading channel model without presence of the 
interference is derived in [1]. But as far as the authors know, 
no results are reported for channel in the presence of 
interference with constant amplitude and the same carrier 
frequency as the useful signal.  

 
The remainder of this paper is organized as follows. In the 

Section II, we derived closed form for the joint probability 
density function (JPDF) of phase and  random FM noise 
(phase derivative) when interference is presented.  Results are 
compared with the special case of zero interference amplitude, 
considered in [1]. Section III discusses phase level - crossing 
rate which is derived in the closed form. The special cases of 
this statistics, for specific values of interference amplitude and 
crossing level, are also considered. In the Section V we 
plotted obtained PDFs and showed how they evolve when 
interference amplitude increases. 

II. CLOSED-FORM JPDF OF THE PHASE PROCESS AND 
RANDOM FM NOISE  

The received signal a narrowband Nakagami-q fading 
channel with presence of interference is described by 
 1 2( ) ( ) cos ( )sin cosrx t X t t X t t A tω ω ω= + + .  (1) 
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Here 1( )X t  and 2 ( )X t  are uncorrelated Gaussian processes 
with zero mean value and variances 1σ  and 2σ  respectively. 
Also value A  is the interference amplitude. In the equivalent 
complex baseband, the received signal is: 
 1( ) ( ) ( )r 2X t X t A jX t= + +  (2) 
In the case  we have no input signal, so situation is the 
same as in [1]. We will define the amplitude and phase of the 
process 
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For , the envelope and phase first-order statistics can be 
found in [2]. Corresponding statistics can be similarly derived 
in general case when .  
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 is known 
in the literature (see for example [3]) as random FM noise. To 
derive PDF of the random FM noise and crossing statistics we 
will need PDF of the joint process 1 2( , , )X X X X& & . For the 
symmetrical Doppler power spectral density (PSD), where iX  

 iand X& , 1,2) are in pairs uncorrelated processes [3] it can 
be shown that joint PDF of 1 2( ,
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where iβ  (i=1,2) is the variation of the process ( )iX t& . Let we 
mention that iβ  can be expressed as 

1 1
, i.e. it is the 

negative curvature of the autocorrelation function 
1 1

(0X Xr−&& )

X Xr ( )τ&&  at 
0τ =  [1,3]. For the classical Jakes Doppler PSD [3], the 

parameter iβ  may be written as maxi i , where max i( 2fπσ )2 f  
denotes the maximum Doppler frequency of the Gaussian 
process. The PDF of random FM noise is given by: 

  (5) 
0

Now we can obtain joint PDF of the process 
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( , , , )R R ϑ ϑ&& . For 
this purpose, introduce the transformation of the Cartesian 
coordinates 1 2( , )x x  to shifted polar coordinate system ( , )R ϑ . 
Transformation formulae are 
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Jacobian of the transformation (6) is equal to 2J R= − . Now 
the joint PDF can be derived as 
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Next we will obtain ( , , )Rp rϑϑ ϕ ϕ& &  by performing an 

integration with respect to variable r& . Notice that 
( , , , )RRp r rϑϑ ϕ ϕ&& &&  can be expressed as function of r&  in the 

form 
 ( 2( , , , ) expRRp r r M ar br cϑϑ ϕ ϕ )= − + +&& && & & ,  (8) 

where the M, a, b and c are parameters. Expression (8) can be 
integrated into the closed-form. By performing an integration 
and after some simplifications we get required PDF 
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Next step is the integration of ( , , )Rp rϑϑ ϕ ϕ& &  with respect to 
variable . Direct integration of  (9) yields r
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  (11) 
By ( )f s , the following function is denoted 

 ( ) ( )(2 2( ) 2 exp 1 2 1 erf( ))f s s s s sπ= + + + , (12) 

where an error function erf( )x  is defined as usual 
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Note that by taking 0A = , (11) reduces to JPDF of phase and 
FM noise of Nakagami-q signal [1, (4)]  
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Now required PDF ( )pϑ ϕ& &  of random FM noise can be 
expressed by 
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Unfortunatelly, last integral cannot be solved into the closed-
form. Note that ( )pϑ ϕ& &

( , )
 is an even function. Moreover (11) 

yields that pϑϑ ϕ ϕ&  is even with respect to & ϕ&  for every 
value of ϕ . Therefore we can conclude that mean value 
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0
 is zero. It agrees with the special case 

from [1] when A = .  
Now consider variance of the random FM noise ( )tϑ&  

 
2

2 2 2

0

( ) ( , )p d p d d
π

ϑ ϑ ϑϑσ ϕ ϕ ϕ ϕ ϕ ϕ ϕ
+∞ +∞

−∞ −∞

⎛ ⎞
= = ⎜ ⎟

⎝ ⎠
∫ ∫ ∫& & && & & & & & ϕ .  (16) 
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−∞
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nfinity for each value of 

&  (17) 

is i ϕ . This yields immediatelly that 
2
ϑσ &  is infinite. Rice [14] considered the qu  antity ( )E tϑ&  to 

ea ad of the PDF ( )pϑobtain the m sure of spre ϕ& &  in the case 

1 2β β β= = , 1 2σ σ σ= =  and 0A = . In the next section we 
will show that this quantity corresponds to the level - crossing 

the phase process. More precisely, we will show that rate of 
( )E tϑ&  is an averaged value of expected crossing rate, 

crossing levels. 

S OF THE  PROCESS CROSSING 
RATE 

averaged over all 

III. STATISTIC

he level-

 PHASE

T crossing rate of the phase process ( )tϑ , denoted 
by ( )0Nϑ ϕ+ , is the expected number of times the phase 
process goes through the specified phase vel 0 le ϕ  with a 
positive slope. General expression for ( )0Nϑ ϕ+ , as obtained in 

( ) ( , )N p d

[3] is 

 
0

ϑ ϑϑϕ ϕ ϕ ϕ ϕ
+∞

+ = ∫ & & & .    (18) 

ind an inte

e substitution 

&

We have already derived joint PDF of phase and FM noise 
and it is given by (11). In order to f gral in (18) we 

will introduce th
2
1 ,

cos
2

At
aϕ ϕ

ϕ
σ

=
&

. Applying this 

substitution to (18) and using 

 ( ) ( ) ( )21 erf(s) expf s ds s sπ= +∫ , (19) 

we finally obtain the expression for ( )Nϑ ϕ+  

 ( )
2 2

2
2

1

cossinexp 1 erf
4 2 2

AAN ϕ
ϑ

ϕ ϕ ϕ

β σ ϕϕϕ
πσ σ σ σ

+
⎡ ⎤⎛ ⎞⎛ ⎞
⎢ ⎥⎜ ⎟= − +⎜ ⎟⎜ ⎟ ⎜ ⎟⎢ ⎥⎝ ⎠ ⎝ ⎠⎣ ⎦

. 

(20) 
By taking , expression (20) reduces to expression (10) 
in [1] 
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( ) 0 4A

 ( ) 2 2

2
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β γ
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We will also consider the case ϕ π= ± . Now also exponential 

factor is zero, but  is decreasing due to the factor )( πϑ ±+N

⎟
⎟
⎠

⎞
⎜
⎜
⎝

⎛
−+

2
erf1

1σ
A . 

V. NUMERICAL EXAMPLES 

The PDF of random FM noise and phase level - crossing 
rate are evaluated at for concrete values of parameters 

 .  (23) 
2 2
1 2

-1 -1
1 2

0.10391, 0.030488

1103.4298 s , 1091.5206 s

σ σ

β β

= =

= =
These values are the same as in [1,6] and are obtained by 
fitting the first and second order statistics of the envelope 

 of Nakagami-q model to measurement data of an 
equivalent mobile satellite channel for heavy shadowing 
enviroment. On fig. 1, phase level - crossing  rate 

( )R t

( )Nϑ ϕ+ is 
shown for different values of amplitude A . Relation (18) 
yields that ( )Nϑ ϕ+  depends on ϕ  only as the function of 

2sin ϕ  and cosϕ . Therefore (ϑ )N ϕ+  is an even function on 

ϕ and periodic with the period 2π . A 3D plot of ( )Nϑ ϕ+  as 
function of ϕ  and A  is given on the fig. 2.  
 
 ( )  +

N ϕ
ϑ

ϕ

β
ϕ

πσ
+

= = . (21) 

 additioIf we nally suppose 1 2β β β= =  and 21σ σ σ= = , 
then ( )Nϑ ϕ+  is constant and equal to the / 4γ π  where 

/γ β σ  is r  of gyration of Doppler cesses = adius  PSD of pro

1( )X t  and 2 ( )X t .  In when 1 2case β β β= =  and 

1 2σ σ σ=  = but 0A ≠ , ( )Nϑ ϕ+ t  is no constant. In general 

(case, )Nϑ ϕ+  decreases rapidly when A  increases. Only for 
0ϕ =

Nϑ
+

,

( )0  increase
 the exponential part is zero, so we can conclude that

e 
 

s with A  and has the limit valu
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Fig. 1. Average phase crossing rate ( )Nϑ ϕ+  as a function of  

variableϕ  for different values of the amplitude A  
 

Fig. 3 shows 3D plot of the function ( , )pϑϑ ϕ ϕ& &  for 1.0=A . 
It can be noticed that probability decreases rapidly when ϕ&  
increases, which is natural. 

 

N ϕϑ

0A = 0.5A =
  

ϕ

153 



 
 

154 

REFERENCES 

 

[1] N. Youssef, W. Elbahri, M. Patzold, S. Elasami, “On the 
Crossing Statistics of Phase Processes and Random FM 
Noise in Nakagami-q Mobile Fading Channels”, IEEE 
Transactions on Wireless communication, Vol. 4, No. 1, 
January 2005. 

( )Nϑ ϕ+  

[2] R. S. Hoyt, “Probability functions for the modulus and 
angle of the normal complex variate”, Bell Syst. Tech. J. , 
vol 26. pp. 318-359, 1947. 

[3] W. C. Jakes, Ed., “Microwave Mobile Communications”, 
NJ, Wiley, 1997. 

[4] I. B. David, S. Shamai, “On the Rice model of noise in FM 
receivers”, IEEE Trans. Commun., vol. 34, pp. 1406-1419, 
1998. 

ϕ  A

[5] N. Youssef, T. Munakata, T. Mimaki, “Level crossings og 
the phase of sine wave plus Gaussian noise”, Jpn. J. Appl. 
Phys., vol. 32, no. 12A, pp. 5815-5822, 1993. Fig. 2. 3D plot of ( )Nϑ ϕ+  as the function of ϕ  and A  

[6] C. X. Wamg, N. Youssef, M. Patzold, “Level-crossing rate 
and average duration of fades of deterministic simulation 
models for Nakagami-Hoyt fading channels”, in Proc. 
WPMC’02, Honolulu, HI, pp. 272-276, 2002. 

 

[7] S. O. Rice, “Statistical properties of sine wave plus random 
noise”, Bell Syst. Tech. J., vol. 27, pp. 109-157, 1948. ( ),pϑϑ ϕ ϕ& &  [8] M. Kac, D. Slepian, “Large excursions of Gaussian 
processes”, Ann. Math. Statist., vol. 30, pp. 1215-1228, 
1959. 

[9] J. R. Mendes, M. D. Yacoub, G. Fraidenraich, “Closed-
form Generalized Power Correlation Coefficient of the 
Hoyt Fading Signal”, IEEE Comm. Letters, Vol. 10, No. 2, 
February 2006. 

[10] G. P. Villardi,  G. T. F. de Abreu,  R. Kohno, 
“Performance of Modified Orthogonal Space-Time Block 
Codes in Nakagami Fading Channels”, The 28th 
Symposium on Information Theory and Its Applications 
(SITA2005), Onna, Okinawa, Japan, Nov. 20-23, 2005. 

ϕ&

ϕ  

Fig. 3. 3D plot of ( , )pϑϑ ϕ ϕ& &  for  1.0=A [11] D. Iskander and P. T. Mathiopoulos, “Exact Performance 
Analysis of Dual-Branch Coherent Equal-Gain Combining 
in Nakagami-m, Rice and Hoyt Fading,” in Proc. IEEE 
Southeast Conference, no. 8-10, Apr. 2005, pp. 233–239. VI. CONCLUSION 

[12] D. B. da Costa, M. D. Yacoub, J. C. S. Santos Filho, G. 
Fraidenraich, J. R. Mendes, “Generalized Nakagami-m 
Phase Crossing Rate”, IEEE Comm. Letters, Vol. 10, No. 1, 
January 2006. 

In this paper, we studied the crossing statistics of phase 
processes and random FM noise encountered in Nakagami-q 
fading channels with presence of the interference. This results 
are the extensions of the corresponding results from [1]. 

[13] D. T. Hess, “Cycle slipping in a first order phase locked 
loop,” IEEE Trans. Commun. Technol., vol. 35, pp. pp. 
255–260, Apr. 1968. We derived the JPDF of the phase process and random FM 

noise. Also closed-form expressions for the phase level-
crossing rate are established.  

[14] S. O. Rice, “Statistical properties of sine wave plus random 
noise”, Bell System Technical Journal, vol. 27, pp. 109–
157, Jan. 1948. This theoretical results are useful in for analyzing the  

statistics of FM spikes during the transmission of the signal 
over Nakagami-q fading channels with the presence of 
interference. 

[15] R. G. Vaughan, “Signals in mobile communications: A 
review,” IEEE Trans. Vehic. Technol., vol. 35, pp. 133–
145, Nov. 1986. 

 



 

Performance of Convolutional/Single Parity Check Turbo 
Codes Over a Rician Fading Channel
Slava Yordanova1, Nikolay Velikov2  and Ginka Marinova3 

Abstract - Short-frame turbo product codes for real-time 
wireless speech communications are studied in this paper. 
Performance of the modeled coding system is examined through 
simulations of Rician fading channel. The obtained results 
indicate that the performance of these codes is quite exceptional 
given their decoding complexity.  

Keyword –  Turbo codes, iterative decoding, simulation, Rician 
fading channel. 

I. INTRODUCTION 

The development of the turbo codes  [1]-[4] is among the 
most significant achievement in the error control technique for 
the past couple of decades. The rate  convolutional 
turbo code, presented by Berrou et. al. in [1] shows a bit error 
rate (BER) of at a signal-to-noise ratio (SNR) 

only 0.7 dB above the Shannon capacity limit. 
Although powerful the originally proposed turbo codes 
operate at large data frame size and number of iterations. This 
leads to long latency and, therefore, unsatisfactory 
performance for real-time communications. 

5.0=cR

510−

0/ NEb

Most of the further research on concatenated codes with 
soft-in/soft-out (SISO) iterative decoding have been dedicated 
to the convolutional turbo codes (CTC) or block turbo codes 
(BTC). A distinct approach is adopted in [5], where a hybrid 
convolutional/single parity check turbo code is proposed and 
tested through simulation over additive white Gaussian noise 
(AWGN) channel. The proposed scheme indicates high 
performance at a given low complexity and latency, which 
makes it suitable for real time communications. However this 
is not applicable for certain types of communications such as 
mobile communications since a more complex channel model 
should be used for this purpose. In this paper a short data 
frame hybrid turbo code (HTC) schemes, based on 
convolutional/single parity check codes concatenation over 
the more generalized Rician fading channel is studied. As it 
will be shown the designed scheme combines satisfactory 
performance and low complexity and latency and is aimed on 
use in real time communications over large scale types of 
transmission media. 
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The paper is organized as follows: In Section 2, a brief 
description of the system model is given. Section 3 presents 
the simulation results. Finally, the concluding remarks are 
given in Section 4. 

II. SYSTEM MODEL   

There are many factors that affect the performance of turbo 
codes. Among the most important are the interleaver size 
(with the number of iterations) and the decoding algorithm. 
CTC’s with rate 5.0≤cR  and 8 or more iterations perform 
extremely well [1]-[4]. Increasing the interleaver size 
increases the coding gain. However so does the 
encoding/decoding latency. On the other hand, downsizing the 
interleaver in order to improve the latency, leads to 
performance deterioration. At a size below a threshold value 
of approximately 200 bits, the convolutional code outperforms 
the CTC of comparable complexity [4]. Regarding the 
decoding algorithm the same trade-off between performance 
and complexity is observed. The maximum a posteriori 
(MAP)-based decoders have better performance but high 
complexity and slow speed, while the soft output Viterbi 
algorithm (SOVA)-based decoders are of a low complexity 
and relatively high speed. This makes the latter attractive for 
practical implementations. 

The SISO iterative decoding of two or more concatenated 
block codes, known as block turbo code (BTC) is suitable for 
high code rates, typically greater than 0.7. The performance of 
BTC’s doesn’t depend significantly on the interleaver design 
and their asymptotic BER outperforms that of the CTC’s due 
to the larger minimum code distance. Another advantage is 
the possibility for fast parallel decoding of the data block 
rows/columns since they are independent. 

Both CTC’s and BTC’s have excellent performance for 
wide range of code rates and data frame sizes but more 
research are needed for low complexity short data frame (less 
than 200 bits) turbo codes over Rician fading channels. 

Hybrid concatenation of convolutional/single parity check 
codes with non-iterative SISO decoding was considered for 
the first time by Hagenauer and Hoeher in [6] and elaborated 
by Freemen and Michelson [7] for more powerful component 
codes. Further study of the hybrid convolutional/single parity 
check codes with iterative (turbo) decoding is considered in 
[5]. Here we follow the approach in [5] to study the 
performance of hybrid convolutional/single parity check 
codes (HTC) over a Rician fading channel. 

First consider the encoding/decoding process of the above 
mentioned coding scheme. Regarding the encoding phase the 
data bits Miai ...,,2,1, =  are first arranged in a rectangular 
array. Then, all columns are encoded with )1,( −nn  single 
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parity check (SPC) outer code. Finally, the rows, including 
those containing the parity bits, are encoded with a 2=ν  or 

3=ν ,  convolutional inner code. Thus, the overall 
code rate  of the hybrid turbo code will be 

5.0=cR
R sc RRR ⋅= , 

where  is the rate of the SPC code. nnRs /)1( −=
The Rician fading channel model can be presented the 

following way [8]: The fading amplitude  at the ith time 
instant can be represented as  

ir

           22)( iii yxr ++= β ,                                     (1) 

where β  is the amplitude of the direct component and  
are samples of zero-mean stationary Gaussian random 
processes each with variance . The ratio of direct to defuse 
energy defines the so-called Rician K-factor, which is given 
by   

ii yx ,

2
0σ

             .                                                (2) 2
0

2 2/ σβ=K

The best- and worst-case Rician fading channels associated 
with K-factors of ∞=K  and 0=K  are the Gaussian and 
Rayleigh channels with strong LOS and no LOS path, 
respectively. So, the Rayleigh fading channel can be 
considered as a special case of a Rician fading channel 
with .   0=K
The Rician cumulative distribution function (CDF) is given by 
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where . For practical purpose it is 
sufficient to increase  to the value, where the last terms 
contribution becomes less than 0.1 percent.  

)2/( 2
0

2 σγ rK +=
m

Consider the generation of uncorrelated Rician-distributed 
fading sequences. The mean-squared value of the Rician 
distribution is known to be , where  is the 
variance of the component Gaussian noise processes in (1). 
Further, it is often required a Rician distribution with unit 
mean-squared value, i.e.,  so that the signal power 
and the signal-to-noise ratio (SNR) coincide. In order to meet 
the requirement , the equation (1) can be written in 
the form [8] 

)1(2 2
0 +Kσ 2

0σ

1}{ 2 =rE

1}{ 2 =rE

         
)1(2

)2( 22

+
++

=
K

yKxr ii
i ,                                 (4) 

where now  are samples of zero-mean stationary 

Gaussian random processes each with variance . So, the 
desired Rician fading sequences can be generated according to 
(4). 

ii yx ,

12
0 =σ

        A simplified diagram of the HTC decoder is shown in 
Fig.1. The log-likelihood ratio (LLR)  at the output of a 
SISO decoder can be represented in general as [4] 

iL

                        iiii lgyL ++= ,                                (5) 

where i
s

i r
N
Ey

0

4
=  is the weighted channel observation,  is  

the a priori information and  is the so-called extrinsic 
information gained by the current stage of decoding. 
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Fig.1. Turbo decoder block diagram 

 
The first elementary decoder (DEC1) in Fig.1 uses soft output 
Viterbi algorithm (SOVA) to form an estimate of the LLR of 
each bit encoded by the convolutional code (e.g., the bits of 
the SPC code). The essence of SOVA is finding the most 
likely transmitted sequence of bits along with reliability 
values for the bits [5], [6]. The likelihood ratio or “soft” value 
of the binary path decision at time i can be defined as  

                      ( )00
~0

2
1 m

i
m
ii MM −=Δ ,                            (6) 

where  and 0m
iM 0

~m
iM  are the path metrics of the survivor 

and competitor path, respectively. Now, the SOVA output 
LLR of the δ -delayed decision  can be expressed as δ−ib̂

                    ( ) l
i

l
ii bbL Δ

δ
δδ

...,,0
minˆˆ
=

−− ⋅≈ .                        (7)  

More detailed explanation of SOVA can be found in [6]. 
Once the LLR’s are obtained, the corresponding extrinsic 
information  is used as a priori input to the second 

elementary decoder (DEC2). The extrinsic information  
associated with DEC2 (the SPC code decoder) can be 
computed according to [4] 
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ij
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ij
nj
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where . According to (8) the magnitude of the 
extrinsic information for a particular code element is equal to 
the minimum magnitude of all of the other parity elements. 
The sign of the extrinsic information for a particular code 
element is equal to the sign of the element itself, if the parity 
of the overall equation is satisfied, and opposite to the sign of 
the element, if the overall parity fails. The extrinsic 
information  is used as a priori information by the DEC1 
during the next iteration as shown in Fig.1. After a 
predetermined number of iterations, the final estimate of the 
message bits

)1(
jjj lyL +=

)2(
extrl

Miai ...,,1,ˆ =  is found by hard-limiting the 
output of the DEC2:     
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Some important notes are in order here. First, the turbo 
decoder operation could be improved by scaling the extrinsic 
information of both elementary decoders. In the present work 
the so-called improved SOVA will be employed in which the 
performance of the SOVA decoder is enhanced by scaling the 
extrinsic information with a factor of , where 2/2 ssc σμ= sμ  

and  are the mean and variance of the absolute value of the 
SOVA output, respectively. Second, it is straightforward to 
decode the HTC with a variable number of iterations using a 
predetermined “early stopping” rule. A simple hard-decision 
stopping rule is to check whether identical tentative bit 
decisions are made at successive iterations or half-iterations. 
Another approach is based on comparing a metric on bit 
reliabilities (soft bit decisions) with a threshold. The hard-
decision “early stopping” rule used in our simulations is as 
follows [5]: stop iterations of an N-bits data frame if both 
elementary decoders output identical sets of hard-limited 
extrinsic values at a given full iteration.  

2
sσ

III. PERFORMANCE RESULTS 

Performance of various HTC’s with information frame 
sizes between 64 bits and 256 bits was studied through 
simulations according to the following setup. The information 
bits are obtained using uniformly distributed pseudorandom 
data. Maximum free distance memory 2=ν  or 3=ν , rate 

 convolutional codes are used as inner codes in the 
HTC scheme. The Rician fading is obtained according to (4). 
Iterative decoding with up to eight iterations and the above 
mentioned hard-decision stopping rule is used to decode the 
HTC schemes. 

5.0=cR

In Table I the required SNR for a BER of  is given. 
Fig.2 and Fig.3 shows simulation results of the considered 
HTC schemes for the case of 144 bits data frame along with 
performance of a reference scheme. The reference scheme, 
denoted as CTC, is a rate 1/2 convolutional turbo code with  
generators  and  (in octal notation). 
Iterative SOVA with up to eight iterations is used to decode 
the considered CTC. In Fig.2 and Fig.3 HTC1 denotes a HTC 
with a (13, 12) SPC outer code and a 

410−

80 )07(=g 81 )05(=g

2=ν  inner 
convolutional code, and HTC2 denotes a HTC with a (13, 12) 
SPC outer code and a  3=ν  inner convolutional code.  

 
 

TABLE I 
The required SNR for a  of HTC1 and  HTC2 410−≈BER

 HTC 1 HTC 2 

K = 0 dB  7.3 dB 6.3 dB 

K = 5 dB  5.7 dB 4.9 dB 

K = 10 dB 4.3 dB 3.7 dB 
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Fig.2. BER of SOVA-based turbo codes over a Rician  

fading channel with K = 0 dB   
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Fig.3. BER of SOVA-based turbo codes over a Rician  

fading channel with K = 5 dB  

IV. CONCLUSION  

In this paper, performance of hybrid convolutional/single 
parity check turbo codes over a Rician fading channel is 
studied. The results obtained through simulations indicate that 
the performance of these codes is quite exceptional given their 
decoding complexity. In fact, the performance results of 
HTC2 are slightly better to that of the considered CTC with 
SOVA decoding. Further, using the above described hard-
decision autostopping rule results in a significant reduction of 
average number of iterations performed by the turbo decoder. 
Thus, it is possible to improve both the average decoding 
speed and power consumption of the turbo decoder. The 
considered hybrid turbo codes could be of interest for real-
time short-frame communication services. 
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An analysis of the Channel Coding 
Performance in DVB-RCS Systems 

Teodor B. Iliev1 

Abstract – The convolutional turbo codes are very flexible 
codes, easily adaptable to a large range of data block sizes and 
coding rates. This is the main reason for their being adopted in 
the DVB standard for Return Channel via Satellite (DVB-RCS). 
The paper presents the turbo coding/decoding scheme specified 
in this standard. Simulation results show the performance of the 
coding scheme chosen, in particular for the transmission of ATM 
cells and MPEG transport stream packets. 
 

Keywords – Digital video broadcast-return channel via satellite 
(DVB-RCS), turbo code, MAP algorithm 

I. INTRODUCTION 

The Digital Video Broadcasting (DVB) Project was 
founded in 1993 by the European Telecommunications 
Standards Institute (ETSI) with the goal of standardizing 
digital television services. Its initial standard for satellite 
delivery of digital television, dubbed DVB-S, used a 
concatenation of an outer (204,188) byte shortened Reed 
Solomon code and an inner constraint length 7, variable rate 
(R ranges from 1/2 to 7/8) convolutional code [1]. 

The same infrastructure used to deliver television via 
satellite can also be used to deliver Internet and data services 
to the subscriber. Because DVB-S only provides a downlink, 
an uplink is also needed to enable interactive applications 
such as web browsing [2]. 

In the DVB-RCS (Return Channel via Satellite) to transmit 
an uplink signal back to the satellite is used the same antenna 
like for receiving the downlink signal. However, given the 
small antenna aperture and requirement for a low-cost, low-
power amplifier, there is very little margin on the uplink. 
Therefore, strong FEC coding is desired. For this reason, the 
DVB Project has adopted turbo codes for the satellite return 
channel in its DVB-RCS standard [3]. 

The DVB-RCS turbo code was optimized for short frame 
sizes and high data rates. Twelve frame sizes are supported 
raging from 12 bytes to 216 bytes, including a 53 byte frame 
compatible with ATM and a 188 byte frame compatible with 
both MPEG-2 and the original DVB-S standard. The return 
link supports data rates from 144 kbps to 2 Mbps and is 
shared among terminals by using muti-frequency time-
division multiple-access (MF-TDMA) and demand-assigned 
multiple-access (DAMA) techniques. Eight code rates are 
supported, ranging from R=1/3 to R=6/7. 

Like the turbo codes used in other standards, a pair of 
constituent RSC encoders is used along with log-MAP or 

max-log-MAP decoding [4]. The decoder for each constituent 
code performs best if the encoder begins and ends in a known 
state, such as the all-zeros state. This can be accomplished by 
independently terminating the trellis of each encoder with a 
tail which forces the encoder back to the all-zeros state. 
However, for the small frame lengths supported by DVB-
RCS, such a tail imposes a non-negligible reduction in code 
rate and is therefore undesirable. As an alternative to 
terminating the trellis of the code, DVB-RCS uses circular 
recursive systematic convolutional (CRSC) encoding [5], 
which is based on the concept of tailbiting [6]. CRSC codes 
do not use tails, but rather are encoded in such a way that the 
ending state matches the starting state. 

II. ENCODING IN DVB-RCS 

The CRSC constituent encoder used by DVB-RCS is 
shown in Fig. 1. The encoder is fed blocks of k message bits 
which are grouped into N=k/2 couples. The number of couples 
per block can be N ∈  {48, 64, 212, 220, 228, 424, 432, 440, 
752, 848, 856, 864}. The number of bytes per block is N=4. In 
Fig. 1, the symbol A represents the first bit of the couple, and 
B represents the second bit. The two parity bits are denoted W 
and Y [7]. 
 

S1 S2 S3A

B

W Y  
Fig.1 Duobinary CRSC constituent encoder used by DVB-RCS 

 
Let the vector Sk=[Sk,1 Sk,2 Sk,3]T,  denote the 

state of the encoder at time k. The inputs and outputs of the 
encoder are defined over GF(4), only binary values are stored 
within the shift register and thus the encoder has just eight 
states. The encoder state at time k is related to the state at time 
k–1 by: 

{ }1,0, ∈mkS

 kkk XGSS +=+1 , (1) 

where 
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and 

  (3) 
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Because of the tailbiting nature of the code, the block must 
be encoded twice by each constituent encoder. During the first 
pass at encoding, the encoder is initialized to the all-zeros 
state S0 = [0 0 0]T. After the block is encoded, the final state of 
the encoder SN is used to derive the circulation state: 

  (4) ( ) N
N

c SGIS
1−

+=

Where the above operations are over GF(2). The matrix 
I+GN is not invertible if N is a multiple of the period of the 
encoder’s impulse response. The circulation state Sc can be 
found from SN by using a lookup table [3]. When the 
circulation state is found, the data is encoded again. This time, 
the encoder is set to start in state Sc and will be guaranteed to 
also end in state Sc. 

The first encoder operates on the data in its natural order, 
yielding parity couples { }1,1, , kk YW . The second encoder 
operates on the data after it has been interleaved. Interleaving 
is performed on two levels. First, interleaving is performed 
within the couples, and second, interleaving is performed 
between couples. Let { }', kB'

kA  denote the sequence after the 

first level of interleaving and { }'''' , kk BA  denote the sequence 
after the second level of interleaving. In the first level of 
interleaving, every other couple is reversed in order, i.e. 
( ) ( kkkk АBBA ,, '' = )  if k is even, otherwise ( )='' , kk BA  

. In the second level of interleaving, couples are 
permuted in a pseudorandom fashion. The exact details of the 
second level permutation can be found in the standard [3]. 

( )kk BA ,

After the two levels of interleaving, the second encoder 
(which is identical to the first) encodes the sequence { }'''' , kk BA  
to produce the sequence of parity couples { }2,kY2, ,kW . As 
with the first encoder, two passes of encoding must be 
performed, and the second encoder will have its own 
independent circulation state. To create a rate R=1/3 turbo 
code, a codeword is formed by first transmitting all the 
uninterleaved data couples { , then transmitting }kk BA ,
{ }2,1, , kk YY  and finally transmitting { }2,1,kW , kW . The bits are 
transmitted using QPSK modulation, so there is a one-to-one 
correspondence between couples and QPSK symbols. 
Alternatively, the code word can be transmitted by 
exchanging the parity and systematic bits, i.e. { }2,1, , kk YY , 
followed by { }2,1, , kk WW  and finally { } . kBkA ,

Code rates higher than R=1/3 are supported through the 
puncturing of parity bits. To achieve R=2/5, both encoders 
maintain all the Yk but delete odd-indexed Wk. For rate 1/2 and 
above, the encoders delete all Wk. For rate R=1/2, all the Yk 
bits are maintained, while for rate R=2/3 only the even-
indexed Yk are maintained, and for rate R=4/5 only every 

fourth Yk is maintained. Rates R=3/4 and 6/7 maintain every 
third and sixth Yk respectively, but are only exact rates if N is 
a multiple of three, otherwise the rates are slightly lower. 

III. DECODING IN DVB-RCS 

Decoding of the DVB-RCS code is complicated by the fact 
that the constituent codes are duobinary and circular. As with 
conventional turbo codes, decoding involves the iterative 
exchange of extrinsic information between the two component 
decoders. While decoding can be performed in the probability 
domain, the log-domain is preferred since the low complexity 
Max-Log-MAP algorithm can then be applied [4]. Unlike the 
decoder for a binary turbo code, which can represent each 
binary symbol as a single log-likelihood ratio, the decoder for 
a duobinary code requires three log-likelihood ratios. For 
example, the likelihood ratios for message couple (Ak, Bk) can 
be represented in the form: 

 ( ) ( )
( )0,0

,
log,, ==

==
=Λ

kk

kk
kkba BAP

bBaAP
BA  (5) 

where (a, b) can be (0, 1), (1, 0), or (1, 1). 
An iterative decoder that can be used to decode the DVB-

RCS turbo code is shown in Fig. 2. The goal of each of the 
two constituent decoders is to update the set of log-likelihood 
ratios associated with each message couple. In the figure and 
in the following discussion, ( ) ( ){ }kk

i
ba BA ,,Λ  denotes the set of 

LLRs corresponding to the message couple at the input of the 
decoder and ( ) ( ){ }kk

o
ba BA ,,Λ  is the set of LLRs at the output of 

the decoder. Each decoder is provided with ( ) ( ){ }kk
i

ba BA ,,Λ  
along with the received values of the parity bits generated by 
the corresponding encoder (in LLR form). Using these inputs 
and knowledge of the code constraints, it is able to produce 
the updated LLRs ( ) ( ){ }kBk

o
ba A ,,Λ  at its output. 

As with binary turbo codes, extrinsic information is passed 
to the other constituent decoder instead of the raw LLRs. This 
prevents the positive feedback of previously resolved 
information. Extrinsic information is found by simply 
subtracting the appropriate input LLR from each output LLR, 
as indicated in Fig. 2 [7]. 
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Fig.2 A decoder for the DVB-RCS code 
 
The extrinsic information that is passed between the two 

decoders must be interleaved (π) or deinterleaved (π ) so that 
it is in the proper sequence at the input of the other decoder. 
Interleaving and deinterleaving between the two constituent 
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decoders must be done on a symbol-wise basis by assuring 
that the three likelihood ratios ( ) ( ){ ,,,, 0,11,0 kkkk BABA ΛΛ  

( )}kk BA ,1,1Λ  belonging to the same couple are not separated. 
The trellis for the duobinary constituent code is as shown in 

Fig. 3 and contains eight states, with four branches entering 
and exiting each state. The trellis contains two 4 by 4 
butterflies, and because these two butterflies are independent, 
they can be processed in parallel. In the following, the ith state 
is denoted by Si where  for DVB-RCS. The 
numbers on the left indicate the labels (A, B, W, Y) of the 
branches exiting each state. From left to right, the groups of 
numbers correspond to the exiting branches from top to 
bottom. 

{ }7,...,0∈i
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Fig.3 Trellis associated with the duobinary CRSC constituent 
encoder used by DVB-RCS 

 
The extension of the Log-MAP and Max-Log-MAP 

algorithms [4] to the duobinary case is fairly straightforward. 
Each branch must be labeled with the log-likelihood ratios 
corresponding to the systematic and parity couples associated 
with that branch. Because QPSK modulation is orthogonal, 
the LLR of message couple (A, B) can be initialized prior to 
being fed into the first decoder as ( ) ( ) =Λ kk

i
ba BA ,,

)
 

, where ( )k bAa Λ+Λ ( )kB ( ) ( ( )[ ]01log ===Λ CPCPC . 
Because extrinsic information about the parity bits is not 
exchanged, the parity bits can always be decomposed in a 
similar manner. For these reasons the systematic bits, the three 
likelihood ratios defined in (5) must be calculated during each 
iteration and exchanged between the decoders. 

With ( )ji SS →kγ

ji SS →

Sγ

 we denote the branch metric 

corresponding to state transition  at time k. The 
branch metric depends on the message and parity couples that 
label the branch along with the channel observation and 
extrinsic information at the decoder input. If transition 

 is labeled by (Ak, Bk, Wk, Yk) = (a, b, w, y) then 

ji SS →

  (6) ( ) ( ) ( ) ( ) ( kkkk
i

bajik YyWBAS Λ+Λ+Λ=→ ω,,

As with binary codes, the constituent decoder must perform 
a forward and a backward recursion. Let ( )ik Sα  denote the 
normalized forward metric at trellis stage k and state Si, while 

( )jk S'
1+α  is the forward metric at trellis stage k+1 and state Sj 

prior to normalization. The forward recursion is 

 ( ) ( ) ( ){ }jikik
SS

jk SSSS
ji

→+∗=
→

+ γαα max'
1  (7) 

where the max* operation is performed over the four branches 
 leading into state Sj at time k+1. While the log-MAP 

algorithm uses the exact definition of max*, the max-log-
MAP algorithm uses the approximation 

ji SS →

( ) ≈∗ yx,max  
( )yx,max . 

After computing ( )jk S'
1+α  for all Sj at time k+1, the 

forward metrics are normalized with respect to the metric 
stored in state zero: 

 ( ) ( ) ( 0
'

1
'

11 SSS kjkjk +++ −= ααα )  (8) 

Similarly, let ( )jk S1+β  denote the normalized backward 

metric at trellis state k+1 and state Sj and ( )ik S'β  denote the 
backward metric at trellis state k and state Si prior to 
normalization. The backward recursion is 

 ( ) ( ) ( ){ }jikjk
SS

ik SSSS
ji

→+∗= +
→

γββ 1
' max  (9) 

where max* is over the four branches  exiting state Si 
at time k. As with α, β are normalized with respect to the 
metric stored in state zero 

ji SS →

 ( ) ( ) ( 0
'' SSS kikik βββ −= )  (10) 

After the forward and backward recursions have been 
completed, a full set of { }kα  and { }kβ  metrics will be stored 
in memory. The next step is for the decoder to use these 
metrics to compute the LLRs given by (5). This is 
accomplished by first computing the likelihood of each branch 

 ( ) ( ) ( ) ( )jkjikikjik SSSSSSZ 1++→+=→ βγα  (11) 

The likelihood that message pair (Ak, Bk)=(a, b) is 
calculated using 

 ( )
( )

{ }k
baSS

k Zbat
ji ,:

max,
→

∗= , (12) 

where the max* operator is over the eight branches labeled by 
message couple (a, b). Finally, the LLR at the output of the 
decoder is found as 

 ( ) ( ) ( ) ( 0,0,,, kkkk
o

ba tbatBA −=Λ ) , (13) 

where ( ) ( ) ( ) ( ){ }1,1,0,1,1,0, ∈ba . )
After the turbo decoder has completed a fixed number of 

iterations or met some other convergence criterion, a final 
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decision on the bits must be made [8]. This is accomplished 
by computing the LLR of each bit in the couple (Ak, Bk) 
according to 

 

( ) ( ) ( ) ( )( ){ }
( ) ( ) ( ) ( ){ }
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where . The hard bit decisions can be 
found by comparing each of these likelihood ratios to a 
threshold. 

( ) ( ) 0,0,0 ==Λ kk
o BA

IV. SIMULATION AND RESULTS Fig.5 Performance of the DVB-RCS turbo code with code rate 
R=1/3, block size is N message couples, and ten iterations of Max-

Log-MAP decoding algorithm The performance of the DVB-RCS turbo code with QPSK 
modulation in an additive white Gaussian channel (AWGN), 
applying Max-Log-MAP and Log-MAP decoding algorithm 
are shown in Fig. 4 and Fig. 5. Fig. 4 shows the frame error 
rate (FER) when using blocks of N=212 message couples (53 
bytes), code rate R=1/3 and the number of iteration is 10. 

V. CONCLUSION 

In this paper, we have highlighted some of the main 
features and advantages of a DVB-RCS system. From the 
conducted simulation we can see that the turbo code which 
was proposed for DVB-RCS applications is powerful, very 
flexible and can be implemented with reasonable complexity. 
This code could also be easily adjusted to many other 
applications, for various configurations of block sizes and 
code rates while retaining excellent coding gains. 
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Analysis and Obtaining the Bit Error Rates (BER) 
in Turbo Code Decoder Algorithm 

Bozhidar S. Stefanov1

Abstract – Turbo code decoder algorithm is analysed in this 
paper. The performance of turbo code used in Code Division 
Multiple Access (CDMA) reverse or forward link under Additive 
White Gaussian Noise (AWGN) and slow fading channels is 
evaluated. The bit error rates (BER) of turbo code at low signal-
to-noise ratio (SNR) are obtained by simulations. 
 

Keywords – Turbo code, CDMA, AWGN,BER. 

I. INTRODUCTION 

Error corrective coding is used to enhance the efficiency 
and accuracy of information transmitted. In a communication 
transmission system, data is transferred from a transmitter to a 
receiver across a physical medium of transmission or channel.  
The channel is generally affected by noise or fading which 
introduces errors in the data being transferred. Error-
correcting code is a signal processing technique used for 
correcting errors introduced in the channel. It is done by 
encoding the data to be transmitted and introducing 
redundancy in it such that the decoder can later reconstruct the 
data transmitted using the redundant information [1]. 

A major concern in coding technique is the control of errors 
so that reliable communications can be obtained, i.e., original 
information is as close to information source as possible. 
There are many coding schemes available. Turbo code is the 
most exciting and potentially important development in the 
coding theory in recent years. This powerful code is capable 
of achieving near Shannon capacity performance [1, 2]. 

II. EXPLANATION 

A. Turbo codes system model 

On Fig.1 we show the basic elements of a communication 
system with turbo code [3]. The source generates an 
information sequence of N symbols with a constant a priori 
probability distribution P(uk=u). The uk denotes the 
transmitted symbol at time k with value (0, 1), i.e., }1,0{∈ku . 
The uk is encoded by two recursive systematic convolutional 
(RSC) encoders whose trellis states start at state s0(i), e.g. 
s0(1), and terminal at the final state )1()( Nk sis = , which the 
final state returns to the starting state for encoding the next 
information block. k and i denote time index and state index, 
respectively. The encoder generates a sequence of N output 

coded symbols cN. 
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Fig.1 Block diagram of turbo code system model 

 
The trellis state structure is supposed to be known at the 

receiver side. }',,' ,',,, ,{ 3221 q
kkk

q
kkkk ccccccc KK=  represents 

one coded symbol at time k with a length of 2q-1, where 
q
kkk ccc ,, , 21 K  are generated by the first RSC encoder, and 

q
kkk ccc ',,' ,' 32 K  are generated by the second RSC encoder. 

Each element l
kc  is binary signal, i.e., qlcl

k ,,1},1,1{ L=−∈ . 
After modulation, the coded symbols are mapped one by one 
into transmitted signals kx . pq

k
p

k
s

kk xxx ,,2,1 ,, x,{ K=  

}',,x',x', ,,3,2 pq
k

p
k

p
k xK represents the transmitted codeword at 

time k. s
kx ,1  and pq

k
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k
p

k
pq

k
p

k
p

k xx ,,3,2,,3,2 ',, x',x',,, x,x KK  are the 
systematic bit and the parity check bits for the kth symbl, 
respectively. The signal kx  is transmitted over the stationary 
memoryless channel [1,3]. At the destination, the decoder will 
evaluate the demodulator output y based on the statistic 
characteristic of the channel, i.e., the conditional probability 
density function of ky , ]/(    )/( cCyYpcyp kk ==Δ , 

}',,y',,,y  ,{ ,,2,,2,1 pq
k

p
k

pq
k

p
k

s
kk yyyy LL=  represents the 

received symbol at time k, and then make a decision. 

B. Turbo decoder in AWGN channel 

AWGN channel model is a simple and common channel 
model in a communication system. It is easier to be studied. In 
this section, a turbo code decoding algorithm under AWGN 
channel will be discussed. Fig.2 shows a block diagram of a 
turbo decoder where: π is the notation for interleaver, π-1 is the 
notation for de-interleaver [4]. 

1Bozhidar S. Stefanov is with the Department of Communication 
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Fig.2 Block diagram of turbo decoder 
 
A log ratio of the posteriori probability of uk conditioned on 

the received signal y is defined as: 
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The decoding decision of ku~  is made based on the sign of 
L(uk), i.e.: 

 [ )( ]~
kk uLsignu =  (2) 

L(uk) is computed by three terms which are L_apriori, 
L_channel , and Le(uk). L_apriori is a priori information based 
on the input bit uk at time k. It is provided by the previous 
decoder. L_channel is the received systematic bit at time k. 

 ( ) )(__ k
e

k uLchannelLaprioriLuL ++= , (3) 

where L_apriori and L_channel denote )( k
e uL  and 

s
kyLc ,1⋅  

respectively. The summation over all the possible transition 
branch pair (sk-1, sk) at time k given input uk=0. Lc is the 
channel reliable factor, its computation is given as the 
following: 

 p
bSNRALc _4 ⋅⋅

= , (4) 

where A=1 for AWGN channel, SNR_b is the uncoded bit-
energy-to-noise-ratio Eb/N0, p denotes 1/rc, rc is code rate of 
the turbo encoder. 

Le(uk) is an extrinsic information based on all parity and 
systematic information except the systematic value at time k: 
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At any given iteration, decoder 1 )(1 kuL  is computed as: 

 )()()( 1221
,1

1 k
e

k
es

kk uLuLyLcuL ++⋅= , (6) 

 ])(sign[L

where )(1 kuL  is given in equation (3). )(21 k
e uL  is extrinsic 

information for decoder 1 derived from decoder 2, and 
)(12 k

e uL  is the third term in equation (3) which is used as the 
extrinsic information for decoder 2 derived from decoder 1. 
The decoders are sharing the information with each other [5]. 
The value of L1(uk) decides the degree of the reliability of ku~ . 
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III. IMPLEMENTATION OF RAYLEIGH FADING 
GENERATORS 

The characteristics of the Rayleigh fading process will 
affect the Turbo decoder performance. Two different 
structures are used to generate Rayleigh fading processes in 
the simulation. One is to generate an uncorrelated Rayleigh 
fading process, the other is to generate a correlated Rayleigh 
fading process. 

A. Uncorrelated Rayleigh fading generator 

This generator generates as and ac which are i.i.d. Gaussian 
distributed variables with zero mean and unit variance, and  

( ) ( )
2

22
cs aa +

=α . The auto-correlation of the random 

variable α is time independent (uncorrelated) [6] 

B. Correlated Rayleigh fading generator 

Another simulator to generate Rayleigh fading channel gain 
is by using mathematical functions, which is called Jake 
fading generator ac and as are given as the following [6,7]: 
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πωω , where M0 is the number of low 

frequency oscillators with frequencies equal to ωn. as and ac 
are approximately Gaussian random processes with zero 

means and unit variances [8]. Then 
( ) ( )

2
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1
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=  is 

Rayleigh distributed. The autocorrelation of A1 is given as 
)(0 τωmJ , where ωm is the Doppler frequency and 

∫ ⋅⋅= 2
 

cos(2(
π

J
0 0 )cos) ϕϕ

π
dxx . In the simulations, the 

variance of α is selected to make the average power of the 
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received signal equal to 1 and M0 is 8, n∈1,2,…,M0. Fig.3 and 
Fig.4 are two samples of the random process generated by the 
two generators discussed above. The curves represented by 
{Ai} in solid line and {nri} in dashed line are corresponding to 
the correlated and uncorrelated Rayleigh fading processes 
with σ2=1 respectively. From the figures, it is observed that 
the correlation of the Rayleigh fading process decreases when 
the Doppler frequency increases. 
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Fig.3 Realizations of correlated and uncorrelated Rayleigh fading 

processes with Doppler frequency fd =178 Hz 
 
In Fig.4, the moving speed vc is 60 miles per hour (mph), 

the carrier frequency fc=2 GHz, and the Doppler frequency 
fd=vc*fc/c=178 Hz, where c is the light speed 3×108 m/sec. In 
Fig. 4, the moving speed vc is 10 mph, the carrier frequency 
fc=2GHz, and the Doppler frequency fd =29.8 Hz. 
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Fig.4 Realizations of correlated and uncorrelated Rayleigh fading 

processes with Doppler frequency fd=29.8 Hz 

IV. SIMULATION AND RESULTS 

We presents the simulation results of turbo code 
performance under AWGN and fading channel environments. 
The simulation uses the turbo recursive systematic 
convolutional encoder with generator matrices (1,15/13,17/13) 
and a shift register memory 4. The channel gain is generated 
by using either the Jack fading or Rayleigh fading generator. 
The frame size either is 384 or 20736 bits/frame.  

A. Effects of the number of iterations on BER 

Increasing the number of iterations is not much help in the 
low regions of SNR. In the middle to high regions of SNR, 
when the number of iterations increases from 1 to 3, the 
performance of the turbo decoder improves dramatically. In 
other words, BER decreases dramatically. This is due to the 
decoder 1 and decoder 2 share the information and make more 
accurate decisions. As the number of iterations increases, the 
performance of the turbo decoder improves. However, after 

the number of iterations reaches a certain value, the 
improvement is not significant. It can be explained that 
decoder 1 and 2 already have enough information, further 
iterations do not give them more information. Fig.6 shows the 
convergence of the decoding iterations. The correlated 
Rayleigh fading channel corresponds to the Doppler 
frequency fd=268.2Hz, with a SNR_b of 4 dB, and a code rate 
of 1/3. The uncorrelated Rayleigh fading corresponds to a 
SNR_b of 4 dB and a code rate of 1/3. The AWGN channel 
corresponds to a SNR_b of 1.2 dB and code rate of 1/3. The 
conclusion is that 3 iterations are good enough to get 
reasonable results in the middle region of SNR_b, and 2 
iterations, for high region of SNR_b. High region is defined as 
SNR_b>1.4 dB, middle range 1.4 dB >SNR_b>0.3 dB in 
AWGN channel. In uncorrelated Fading channel, high region 
is defined as SNR_b>4 dB, middle range as 4 dB>SNR_b>2.5 
dB. 
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Fig.5 Iteration convergence and BER 

 
In the simulations, a criterion is applied to stop the 

iterations. The simulation result shows that at SNR>3.2 dB 
under uncorrelated Rayleigh fading channel, the decoding 
errors can be reduced greatly after two to three iterations. 
Therefore, when five iterations are used in this region, more 
than half of the time the decoder is dealing errorless codes, 
which is a waste of time. By dynamically applying the 
criterion to stop the iterations greatly saves the decoding time 
in region of high SNR, hence, improve the decoding 
efficiency. The smaller the frame size, the more time it saves.  
From which obviously it can be seen that some penalty is 
added if the iteration stops earlier. The simulation is given at 
the data frame size=378 bits, code rate=1/3, iterion=5. For 
correlated Rayleigh fading channel, Doppler frequency 
fd=178Hz was used. 

B. Larger frame size gets better performance 

The larger the frame size, the bigger the S-window. 
Therefore, it will produce larger distance by using an 
interleaver. The correlation between the two adjacent bits will 
become smaller. Hence the decoder gives better performance. 
The simulation results verified this conclusion. However, 
since turbo code is a block code, it causes a time delay before 
getting the complete decoding output. Increasing the frame 
size also increases the delay time. Fig.6 shows the BERs of 
turbo code under uncorrelated Rayleigh fading channel with 
the code rate=1/3, iteration=3, frame size L=384 bits (line 
with triangle) and L=20730 bits (line with diamonds). From 
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the figure we can see that the turbo code with lager frame size 
has better performance. 

Fading correlation effect
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Fig.8 Effects of Doppler frequency on BER 

V. CONCLUSION Fig.6 Effects of frame size on BER 

The simulation results show that turbo code is a powerful 
error correcting coding technique under SNR environments. It 
has achieved near Shannon capacity. However, there are many 
factors need to be considered in the turbo code design. First, a 
trade-off between the BER and the number of iterations need 
to be made, e.g., more iterations will get lower BER, but the 
decoding delay is also longer. Secondly, the effect of the 
frame size on the BER also needs to be considered. Although 
the Turbo code with larger frame size has better performance, 
the output delay is also longer. Thirdly, the code rate is 
another factor that needs to be considered. The higher coding 
rate needs more bandwidth.  

C. Effects of Puncturing on BER 

When the code rate is decreased, more bits have to be 
punctured. The bandwidth requirement is also decreased. This 
means that the performance of the turbo code will also 
degrade in general. Fig.7 shows the effects of the punctuation 
on BER. The higher the code rate, the lower the BER. In the 
simulation, decode iteration=3, frame size=384, uncorrelated 
Rayleigh fading environment applied. The three curves are 
corresponding to code rate=1/2, 1/3, and 1/4, respectively. 
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From the simulation results, it is observed that the behavior 
of the turbo decoder is quite different under different channel 
environments. The performance of the turbo code is much 
worse under correlated Rayleigh fading channel than that of 
AWGN or uncorrelated Rayleigh fading channels. Another 
drawback of the Turbo code is its complexity and also the 
decoding time. 
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Complex Baseband Model of Wireless OFDM Digital 
Communication System  

Miglen Ovtcharov1, Vladimir Poulkov1 and Georgi Iliev1  

Abstract – In this paper, a complex baseband channel model is 
developed for the scenarios of wireless OFDM digital 
communication link. The model is adapted for use in computer 
simulations. To compare the performance of the complex 
channel model with a real channel model, experiments of the 
performance of an OFDM link with narrowband interference 
(NBI) are performed. 

Keywords – OFDM, NBI, Complex Signals 

I.  INTRODUCTION 

In this paper, a complex baseband channel model is 
developed for the scenarios of wireless OFDM digital 
communication links. To compare the performance of the 
complex channel with a real channel model, experiments of 
the performance of an OFDM link with NBI are performed. 

The outline of this report is as following: After an 
introductory section, an overview of a complex baseband 
model of a wireless OFDM digital communication system is 
given. Simulation methods and results are presented in 
Section 3. Final conclusions can be found in Section 4.  

II. THE WIRELESS OFDM COMMUNICATION 
SYSTEM COMPLEX BASEBAND MODEL 

This section provides a description of the complex 
baseband model of a wireless OFDM digital communication 
link. The model describes the signal at the output of the 
OFDM transmitter, the model of the complex channel, and the 
signal at the input of the receiver [1,8]. In this study the 
complex modeling of each of above parts is adopted.  

The complex baseband model of the OFDM signal at the 
output of digital OFDM modulator can be described as: ([1]): 
 
 

                 
Additionally, an additive complex white Gaussian noise 

is added to the faded signal. A continuous time complex 
Gaussian process is defined as ([10]):  

 
 

, (1) 
 
Where, si ≡ 0 for i < 0 and the complex OFDM symbol 

starts at time t = ts = kTs and Ts is the symbol interval. 
To make the spectrum going down more rapidly, 

windowing is applied to the individual complex OFDM 
symbols. A commonly used widow type is raised cosine 
window, defined as ([2], [3]): 
 
 
 

               
,  (2) 

⎪
⎪
⎪

⎩

⎪
⎪
⎪

⎨

⎧

+≤≤⎟⎟
⎠

⎞
⎜⎜
⎝

⎛
+−+

≤≤

≤≤⎟⎟
⎠

⎞
⎜⎜
⎝

⎛
++

=

TstTs
Ts

tTst

TstTs

Tst
Ts

t

tw

)1(,)(cos5.05.0

,1

0,cos5.05.0

)(

β
β
ππ

β

β
β
ππ

 
 
 

 

Both the air-to-air and the air-to-ground communication 
scenarios can be described by a multi-ray model with a direct 
and a delayed (reflected) components ([7], [9], [10].  

The complex baseband model of the simulated channel is 
shown in Figure 1 ([5], [9]). Here, s(t) denotes the complex 
baseband transmitted signal, τ  the delay of the fading signal 
complex components, y(t) is a complex  fading process, z(t) is 
an complex interfering signal, n(t) is a complex  white 
Gaussian noise, and r(t) is the received complex baseband 
OFDM signal.  

The complex baseband model of a fading channel is 
modeled by a FIR filter, where the subscript i indicates that 
the sample was taken at time t = iTs with tap weights given by: 
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The complex output signal of the fading channel FIR 

filter is given by: 
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where μ1(t) and μ2(t) are independent real Gaussian processes 
with variance σ0

2. The Power Spectral Density (PSD) for the 
complex white Gaussian process μ(t) was originally derived 
by Clarke under the assumption of an idealized model for 
omnidirectional antennas where the wave  propagation  occurs 
in the two-dimensional plane. The angle of arrival is assumed 
to be uniformly distributed from 0 to 2π. The PSD of this 
process for i = 1, 2 is ([6], [9]): 
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With  
 

               
 

where ri is the complex baseband signal sample at the receiver 
input, si is the complex transmitted symbol, yi is the complex 
fading, ni is the complex noise, and zi is the complex 
narrowband interference signal. 

                       ,               (8)                    
 
 
 

Here f
max 

= ν/λ denotes the maximum Doppler frequency. 
The parameter ν is the velocity of the mobile receiver. The 
wavelength λ of the carrier is defined as λ = ν

light 
/ f

c
, where 

ν
light 

is speed of light and f
c 
is the carrier frequency.  

For the experiments, a complex NBI is modeled as a sum 
of complex sine wave functions with random, Gaussian 
distributed amplitudes and random uniformly distributed 
phases, such that the power of a complex NBI signal is higher 
than the power of a received faded signal in the same narrow 
frequency bandwidth.  

Typically, the average SIR is expected to be in the 
interval, from – 20 dB to 0 dB.  
 

                                                            
                                   ,                   (9) 

 
 

 
Finally, the complex baseband OFDM signal at the input 

of the receiver can be written as ([5], [7]): 
 

 
,          (10) 

 
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 Fig. 1: Simulated Complex Baseband Channel Model. 
 

III. EXPERIMENTAL RESULTS 

Using the proposed general complex baseband simulation 
model, different experiments are performed, estimating the bit 
error ratio (BER) as a function of the Signal to Interference 
Ratio (SIR) for different channel types, for a standard OFDM 
system including error correction and interleaving. The basic 
parameters of the OFDM model are:  convolutional encoder 
with  a  code  ratio:                   , a  Viterbi  hard  threshold 
convolutional decoder, a random access permutation table 
matrix interleaver, 64-QAM, 256-FFT/IFFT.  

In Figure 2 the real and complex channel models for 
AWGN channel with and without NBI are compared. The 
simulation results for the case of no NBI show, that the 
behavior of both models is quite similar. However the BER 
results for the case of a real model are little bit more 
optimistic due to the simplified channel equalization 
algorithm. For the case of AWGN channel with NBI, the clear 
difference in the behavior of both models is observed. This is 
due to two reasons. First, the simplified channel equalization 
algorithm in a real case is not as good as in the absence of 
NBI. The second reason is that for the case of real model, the 
correlation between positive and negative frequency bins is 
very strong as they carry the same data, thus allowing for the 
higher SNIR. In the case of complex model, the positive and 
negative frequency bins carry different data allowing for 
doubled bit-rate, but in presence of complex NBI, the SNIR is 
lower than in the real case. It can be concluded, that the 
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complex channel model represents more precise the influence 
of variety of impairments existing in deployed RF channels, 
as NBI, Fading, AWGN, etc. 
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Fig. 2: BER as a function of SNR for complex and real baseband 
models of AWGN channel 

 
In Figure 3, the standard CM1 G802.16 UWB channel is 

simulated, using the real baseband channel model. Real 
additive Gaussian noise with SNR=-20dB is added to the 
signal. Different types of NBI suppression techniques are 
investigated and compared, according to [11 ]. In Figure 4, the 
standard CM1 G802.16 UWB channel is simulated, but this 
time, using the complex baseband channel model, keeping all 
the model parameters the same as in the real model from 
Figure 3. Comparing Figure 3 to Figure 4, a BER degradation 
could be observed, which confirms the comments made for 
the results from Figure 2.  

 

 

 

 

 

 

 

 

 

 

 
Fig. 3: BER as a function of SIR for a real baseband channel 

model 

IV. CONCLUSION 

In this paper, the complex baseband channel model is 
developed for the scenarios of wireless OFDM digital 
communication links. Complex additive white Gaussian noise 

and complex narrowband interferences (NBI) are added to the 
wireless channel. The bit error rate performance, in the 
presence and absence of complex NBI, is presented. Several 
NBI mitigation schemes are simulated and the results are 
compared using standard CM1 G802.16 UWB channel. The 
results show that the BER results for the case of a real model 
are more optimistic. For the case of AWGN channel with 
NBI, the clear difference in the behavior of both models could 
be observed. The research results might be used to optimize 
resource allocation in NGN considering application-specific 
requirements as to [12]. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

 

Fig. 4: BER as a function of SIR for a complex baseband channel 
model 

REFERENCES 

[1] Richard van Nee, Ramjee Prasad, “OFDM for Wireless 
Multimedia Communications”, Artech House, 2000. 

[2] Henrik Shulze, Christian Luders, “Theory and Applications of 
OFDM and CDMA”, John Wiley, 2005.  [3] Hui Lui, Guoqing Li, “OFDM-Based Broadband Wireless 
Networks”, Wiley, 2005.  

[4] Seiichi Sampei, “Applications of Digital Wireless Technologies 
to Global Wireless Communications”, Prentice Hall, 1997. 

[5] Jeruchim, Michel C., Philip Balaban, and K. Sam Shanmugan, 
“Simulation of Communication Systems”, Second Edition, New 
York, Kluwer Academic / Plenum, 2000. 

[6] Jakes, William C., ed. “Microwave Mobile Communications”, 
New York, IEEE Press, 1974. 

[7] Lee, William C. Y., “Mobile Communications Design 
Fundamentals”, New York, John Wiley & Sons, 1993. 

[8] William Y. Zou, Yiyan Wu, “COFDM: An Overview”, IEEE 
Transactions on Broadcasting, Vol. 41, No 1, March 1995. 

[9] Michael Chryssomallis, “Simulation of Mobile Fading 
Channels”, IEEE Antennas and Propagation Magazine, Vol. 44, 
No 6, December 2002.  

[10] Ronnie Landqvist, Abbas Mohhamed, “Simulation of Wireless 
Digital Communication Systems”, Radioengineering, Vol. 13, 
No 4, December 2004.  

[11] Ovtcharov M., V. Poulkov, G. Iliev, “Comparison of 
Narrowband Interference Suppression Methods for OFDM 
Systems”, Proc. ICEST 2007, June 2007, Ohrid, Macedonia, pp. 
47-50. 

[12] Ivaylo Atanasov, Interaction between SIP and Parlay/OSA 
Applications, EUROCON 2007 IEEE Region 8 International 
Conference on “Computer as a tool”, Warsaw, Poland, 
Proceedings, pp. 1073-1078. 



 

Call-level Performance Modeling of 
Voice over IEEE 802.16 Systems 

B. P. Tsankov1, P. H. Koleva2, K. M. Kassev3, V. K. Poulkov4 
 

Abstract — Call and burst-level performance modeling of 
IEEE 802.16 based networks for voice communications is 
considered. An analytical method for carrier grade voice traffic 
over IEEE 802.16 system evaluation for UL transmission is 
proposed. The results demonstrate an application of the method 
used in the study for IEEE 802.16 network design, such as CAC 
deployment and envisage some system characteristics. 

 
Keywords — Backhaul network, burst-level traffic, call-level 

traffic, IEEE 802.16, traffic performance, VoIP. 

I. INTRODUCTION 

It is expected the packetized voice to be the most popular 
application for IEEE 802.16 systems (known as WMAN or 
WiMAX) and major revenue earner for network service 
providers. Apart from the possibility of providing wireless 
broadband connections to home and small-business users, 
replacing DSL and cable modems, the IEEE 802.16 systems 
can also be used in backhaul networks for cellular base 
stations, bypassing the public switched telephone network as 
well as for backhaul connections to the Internet for WiFi 
hotspots. In this case, VoIP is a carrier grade service with 
stringent QoS requirements. In order to provide the required 
quality of service for any particular traffic type (in our case a 
voice transmission), a suitable scheduling algorithm for a real-
time application should be applied. Hence, there are intensive 
investigations [1–3] of voice traffic performance under 
different standardized and proposed scheduling algorithms. A 
special attention to the problems, concerning a voice 
transmission is paid in the current version of the IEEE 
802.16e standard, in which the quality of service (QoS) is 
supported by allocating each connection between the SS and 
the BS (called a service flow in the 802.16 terminology) to a 
specific QoS class – unsolicited grant service (UGS), real-
time polling service (rtPS), enhanced real-time polling service 
(ertPS), non-real-time polling service (nrtPS), and best-effort 
service (BE). 

For a carrier grade voice service the network operator has 
to offer QoS similar to that of circuit switched networks, such 
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as fixed (PSTN) and mobile (GSM) networks. 

The assessment of voice degradation due to packet delay 
and packet losses is a subject of separate investigations, as it 
has already been presented in [4] and [5], facing the problem 
of WiMAX environment and concluding that the “VoIP call 
quality is more sensitive to packet losses rather than packet 
delay”. 

For the purpose of analysis, we accept the maximum delay 
of 60 ms and packet losses of 0.5%, introduced by an IEEE 
802.16 sysem [4]. 

Most of the published IEEE 80.16 voice traffic performance 
investigations consider overloaded or nearly overloaded 
conditions. This is specifically true if simulation is used [1], 
[6]. It should be noted the QoS norms for a carrier grade voice 
traffic service restrict the system load far before an overloaded 
condition occurs. Thus, the network service providers are 
interested in the system performance evaluation under normal 
load conditions where QoS measures, such as blocking, 
packet losses, etc. are rare events, which are often difficult to 
be estimated by the means of simulation. 

In this paper we propose an analytical method for carrier 
grade voice traffic evaluation over IEEE 802.16 system uplink 
transmission, considering the application of particular 
scheduling services. 

II. CARRIER GRADE PERFORMANCE ANALYSIS 

The most important features of queuing systems [7] and 
particularly those serving a superposition of independent 
sources [8], are the waiting time  and the packet losses PPL. 
In our case, the packet losses (the probability the buffer 
overflows a finite length) are closely approximated by the 
probability the infinite buffer contains more packets than 
given finite buffer length. This is particularly true when the 
system is not overloaded, as it is with the carrier grade VoIP 
systems. 

qt

The total delay time for IEEE 802.16 systems is defined 
with two components: 

dt

d MACt t tq= + , where MACt  is a time 
delay inherent to the MAC protocol, taking into account that 

 is independent of the traffic carried and depends upon 
the scheduling algorithm used. The case in which the numbers 
of connections, which are simultaneously in an active state 
(number of simultaneous talk spurts or bursts, when voice 
activity detection is supported) are more than the IEEE 802.16 
system can support, corresponds to the buferless burst-scale 
packet losses - 

MACt

ERP , and therefore some packets have to be 
stored in the buffer. 
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In order to meet the QoS requirements, the buffer size is 
restricted by the maximum allowable time delay , so 
that the corresponding queuing packet delay is: 

,maxdt

 
,max ,maxq d Mt t t= − AC            (1) 

 
Our aim is to dimension the IEEE 802.16 system for VoIP 

traffic, meeting the QoS requirements. We determine MACt

ax

 in 
dependence of the scheduling algorithm and knowing 
maximum permitted delay  we calculate  from 

Eq. (1) and the corresponding buffer size - k . In the next 
section, we present an analytical tool forming the relation 
connecting the buffer size k , the probability 

,maxdt ,mqt

PLP  of packet 
losses, the transmission capacity C  and the traffic load. 

III. FLUID-FLOW APPROACH APPLICATION 

We assume the voice packets tend to be of fixed size and 
generated by homogenous and independent traffic sources. 
Taking into account the fact the most of voice codecs support 
a voice activity detection (VAD) algorithm as a means of 
reducing average bit rate and enhancing overall coding quality 
of speech, thus the VoIP packet sources are ON-OFF sources 
with exponentially distributed state period durations -  and 

. The activity factor is , which 
together with the number of connections (calls)  and packet 
rate c  during source ON period forms the traffic load. 

onT

offT / ( )on on offT T Tα = +

N

We analyze the burst-scale queue state probability and 
corresponding packet delays and losses. We apply the “fluid-
flow” approach in a way similar to that used in [9], [10]. In 
order to simplify the traffic model, the aggregation of  
traffic flows is substituted by a single equivalent source 
having two states, as well (Fig. 1). 

N

The aggregate process is in the ON state when the number 
of active voice sources is more than  with a mean 
output packet rate . The equivalent source is in OFF state 

with a mean output rate  in case less than  voice 
source are active. The distributions of both the ON and OFF 
periods  and  of the equivalent source are modeled 
exponentially, as well. 

/n C c=
Eq
ONC

Eq
OFFT

Eq
OFFC n

Eq
ONT

The buffer overflow probability  for traffic process 
aggregated by multiplexing N independent sources and 
feeding buffer of length  is presented as [8]: 

( )Q k

k
 

 
Fig. 1.  State-space reduction for aggregate traffic 

1( ) . k
ERQ k P d +=          (2) 

 
From the burst-scale point of view, if more packet flows are 

active, the queue increases in size, because of the excess rate. 
The probability a packet to be an excess rate arrival is denoted 
by ERP . The value  of the decay rate is obtained by [9]: d

 
{1 1/ .( )} / {1 1/ .( )}Eq Eq Eq Eq

ON ON OFF OFFd T C C T C C= − − − −    (3) 
 
We need now expressions for , ,  and .  Eq

ONC Eq
OFFC Eq

ONT Eq
OFFT

The overall rate of bursts from the sources (subscriber 
stations –SSs) to BS is , and the overall 

offered burst traffic in terms of Erlangs is 

/ ( )B onN T Tλ = + off

.B onA Tλ= . 
Assuming a memoryless process for the arrival of packet 
flows, this situation is equivalent to a system modeled by 
Erlang’s waiting-call analysis. According to Erlang-C formula 
the probability a call (in our case a burst) to wait is 

. It could be also expressed by Erlang-B 
formula , which is easy calculated ([11], p. 257). 
According to Erlang’s model of waiting systems the mean 
queue length (“waiting” bursts) given the queue is then greater 
than zero (excess rate condition) – , and the 
excess rate itself is: 

( 0) ( , )CP E n> =
( , )BE n A

A

)

/ (qL A= )A−n

 
. . / (Eq

qONC C L c C Ac n A= + = + −        (4) 
 
Unconditioned mean queue length is  and 

applying Little’s theorem we have 

( 0). qL P L= >

.BL Wλ= , w ihere W  the 
mean delay for all offered calls (bursts). The mean delay for 
delayed (excess rate) burst only is the average duration of the 
state of excess rate, and is expressed as: 

s 

 
/ ( 0) / ( )Eq

onONT W P T n A= > = −     (5) 
 
The obvious relation  gives the 

following expression: 
/ ( ) ( 0)Eq Eq Eq

ON ON OFFT T T P+ = >

 
.(1 ( 0)) / ( 0)Eq Eq

OFF ONT T P P= − > >        (6) 
 
The mean packet rate upward to BS is obtained by: 
 

. . . / (m on onC c A c N T T T= = + )off  
 
It also holds: 
 

( 0). (1 ( 0)).Eq Eq
m ON OFFC P C P C= > + − >  

 
Therefore: 
 

( ( 0). ) / (1 ( 0))Eq Eq
mOFF ONC C P C P= − > − >         (7) 
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The probability ERP  of a packet to be an excess rate packet 
is: 

 
( ) / (Eq Eq Eq Eq

ER mON ON ON OFFP C C T C T T= − + )           (8) 
 
After substituting of Eqs. (4) to (7) in Eqs. (3) and (8), we 

obtain  and d ERP , and thus, we can determine the overflow 
probability Q(x). 

 
( 0) / ( )ER mP cP C C= > −                (9) 

IV. NUMERICAL RESULTS 

We consider an IEEE 802.16 based backhaul network, in 
which time division duplexing mode (TDD) for data 
transmission is applied, and the physical layer is OFDM. 
Without loosing generality, we accept that all system 
bandwidth is allocated to voice services. The number of SSs 
connected to the BS is denoted as S, and for the purpose of the 
numerical experiment, an equal number of voice connections 
are associated with each of the SSs. We have also accepted 
the maximum packet delay and packet losses introduced by 
the IEEE 802.16 system to be 60 ms and 0.5 %, respectively 
[4]. 

In order to obtain reasonable quantitative results, we apply 
a PHY and MAC framework exactly as it is in [6]. The coding 
and modulation scheme accepted in [6] is BPSK modulation 
and channel coding rate of ½ at the PHY layer is the most 
reliable, but with fewer throughputs. 

A bit sequence with a rate  from an active source is 
packed every  second into a voice packet, and thus, the 
time to transmit a voice packet is given by: 

codR

codT

 
( ) /p cod cod head BS pT R T H R T= + + re  

 
where  is the PHY transmission rate in bit/s,  is 

the total packet header size at PHY and all upper layers and 
 is uplink burst preamble. 

BSR headH

preT

A fixed amount of time  in the UL subframe is 
allocated for contention-based transmission, initial ranging of 
SS connection and other functions. The time left is used for 
voice traffic (packet transmission and bandwidth request if 
applicable). For a single SS the time allowed to use per frame, 
depending on the scheduling scheme used, is given by: 

contT

 
( ) /rtPS

MAC cont BWrqT T T S T= − −  
 

ertPST = ( )UGS
MAC contT T T= − / S  

 
where  is the time for each request message. BWrqT
The transmission capacity  per SS, in dependence of the 

scheduling scheme used, is given by: 
C

 

.

rtPS
rtPS

p MAC

TC
T T

=    and   
.

ertPS
ertPS UGS

p MAC

TC C
T T

= =  

 
The packet rate c  per active voice source is 1/ codc T=  for 

all scheduling services and thus the maximum number  of 
simultaneous active connections is the following: 

n

 
.UGS UGS

codn C T⎢ ⎥= ⎣ ⎦  

 
.rtPS rtPS

codn C T=    and    .ertPS ertPS
codn C T=

 
It should be noted that ,  and  may not be 

integer values. 

UGSn rtPSn ertPSn

In polling services the packets are first stored in the SS 
buffer before the SS requests bandwidth. The resource request 
and grant process takes maximum 1 frame time and on 
average – half a frame. If the polling interval is 1 MAC frame 
for the rtPS, it holds rtPS

MACt = 1½ MACT

=

 for a substitution in Eq. 

(1). For the ertPS it holds ½ert
MACt PS

MACT . The buffer size, for 
a particular scheduling scheme used, is consequently given by 
the following expressions: 

 

,max.rtPS rtPS rtPS
qk t C=    and    ,max .ertPS ertPS ertPS

qk t C=

 
As we mentioned above, the coding and modulation scheme 

(CMS) applied is BPSK ½ and the main parameters for the 
analysis are:  = 6.91 Mbit/s;  = 312 μs;  = 

27.78 μs;  = 11.11 μs ad  = 48  onT  = 240 ; 

offT . = 400 codR  = 64 k  codT  = 20

BSR

pre

s; 

contT BWrqT

mT

 m

; B; s

b  ms

 heH

/s; . 
As a result of analysis, Fig. 2 depicts the packet loss 

probability PPL as a function of the number of voice 
connections N per SS, considering different polling services 
and coding rates. Results obtained from analytical research 
show the advantage of using ertPS polling service (which 
combines the simplicity of UGS and flexibility of the rtPS for 
supporting voice services with voice activity detection 
scheme), especially in case of low traffic load.  

 
Fig. 2.  Packet loss probability PPL as a function of the number of 

voice connections per SS, different polling services, and coding rates 
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V. CONCLUSION The same figure also depicts the advantages of using the 
more effective voice coding algorithm, based on recommend-
dation G.729. It is also of particular interest for us to 
investigate the influence of the MAC frame duration on the 
overall packet loss probability PPL. The significance of the 
results of this research under normal traffic load conditions 
can be seen on Fig. 3. 

The proposed analytical method is applicable for quick 
determination of the number of voice connections per SS, as 
the maximum admitted calls in a call admission control 
(CAC) procedure. 

The authors intend to extend the model, taking into account 
some additional details, such as packet generation during the 
silence periods due to availability of so called comfort noise. 

Because signal strength of the radio spectrum allocated for 
data transmission in IEEE 802.16 networks falls off sharply 
with distance from the base station (BS), the signal-to-noise 
ratio drops with distance, as well. For this reason, IEEE 
802.16 standard employs different coding and modulation 
schemes (CMS), depending on the distance between the SS 
and the BS. Based on this realization, the results of the 
evaluation of the number of admitted calls N for more realistic 
CMS than BPSK modulation, using more effective voice 
coding algorithm (G.729), are depicted on Fig. 4. 
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Investigation of Bandwidth Request Mechanisms in 
802.16 Networks 

Valentin Hristov1 
 

Abstract- In response to broadband wireless access need, the 
IEEE 802 committee set up a working group to develop such 
standard - IEEE 802.16. Later, an industrial association, the 
Worldwide Interoperability for Microwave Access (WiMAX) 
Forum, was formed to promote the 802.16 standard. 

The present paper aims at presenting the process of 
investigation of Bandwidth Request Mechanisms in 802.16 
Networks under Point-to-Multipoint Mode using the simulation 
model created with GPSS-General Purpose Simulation System. 

Keywords- Bandwidth request, Polling system, Simulator, 
WiMAX networks 

I. INTRODUCTION 

The next-generation wireless access technology, such as 
WiMAX and its mobility enhancements 802.16e and IEEE 
802.20, is above the horizon. The new technology and 
standard migration and investment protection should be 
considered. 

The IEEE 802.16 family of standards and its associated 
industry consortium, WiMAX, promise to deliver high data 
rates over large areas to a large number of users [3]. This 
exciting addition to current broadband options such as DSL, 
cable, and WiFi [2] promises to rapidly provide broadband 
access to locations in the rural and developing areas where 
broadband is currently unavailable, as well as competing for 
urban market share. WiMAX's competitiveness in the 
marketplace largely depends on the data rates and ranges that 
are achieved, but this has been difficult to judge due to the 
large number of possible options and competing marketing 
claims. Therefore the investigation of WiMAX Networks is 
an actual problem.  

In the papers [1], [3] and [4] authors present the 802.16 
standards, the expected throughput and performance of 
WiMAX compatible systems based on these standards, and 
suggest future enhancements to the standards that increase the 
achievable data rate, robustness and coverage, with only 
moderate complexity increases. The article [1] also provides a 
good tutorial overview of 802.16. 

WiMAX specifies interoperable air interfaces from 2 to 66 
GHz with a common medium access control– MAC layer . 
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The 802.16 WiMAX air interface supports two operational 
modes: a mandatory point to multipoint- PMP mode and an 
optional mesh mode. In PMP mode, a centralized base station 
(BS) controls all communications among the stations and the 
BS, whereas in the mesh mode, stations can also serve as 
routers by cooperative access control in a distributed manner. 

The present paper aims at presenting the process of 
investigation of Bandwidth Request Mechanisms in 802.16 
Networks under Point-to-Multipoint Mode using the 
simulation model created with GPSS-General Purpose 
Simulation System. 

II. WIMAX AND BW-REQ MECHANISMS 

Under the PMP architecture, all transmissions between the 
BS and stations are coordinated by the BS. The TDMA/TDD 
frame structure is illustrated in Fig. 1; it consists of a 
downlink subframe for transmission from the BS to stations 
and an uplink subframe for transmissions in the reverse 
direction. The Tx/Rx transition gap (TTG) and the Rx/Tx 
transition gap (RTG) are specified between the downlink and 
uplink subframes, and between the uplink and following 
downlink subframes in the next frame duration to allow 
stations to turn around from reception to transmission and 
vice versa. In the downlink subframe, both the downlink 
MAP (DL-MAP) and uplink MAP (UL-MAP) messages are 
transmitted, which comprise the bandwidth allocations for 
data transmission in both downlink and uplink directions, 
respectively. 

Moreover, the lengths of uplink and downlink subframes 
are determined dynamically by the BS and are broadcast to 
the stations through UL-MAP and DL-MAP messages at the 
beginning of each frame. Therefore, each station knows when 
and how long to receive data from and transmit data to BS 
The bandwidth allocated to each direction can be tuned 
dynamically to match the traffic in the corresponding 
direction. This means that if a station needs some amount of 
bandwidth, it makes a reservation with the BS by sending a 
request. On accepting the request from an station, the BS 
scheduler should determine and grant it a transmission 
opportunity in time slots by using some scheduling 
algorithms, which should take into account the requirements 
from all authorized stations and the available channel 
resources. 

Two main methods are suggested in the WiMAX standard 
to offer transmission opportunities for stations to send their 
bandwidth request (BW-REQ) messages: centralized polling 
and contention based random access. 
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Fig.1 TDMA/TDD frame structure 

 
Fig.2 Simulation model 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
In the first case each station is only allowed to send its 

request when it is polled by the BS. 
Each station has a buffer sufficient to store exactly one 

request. A station that has a request at the considered moment 
of time is referred to as active, otherwise it is called 
nonactive. 

III. MODELING POLLING – BASED BW – REQ 
MECHANISM 

The modelling process aims at getting the following 
results, when preliminaries given at hand simulation 
conditions are available: Maximum and average time for 
delay from the access (the time from coming of BW-REQs till 
their transmitting). 

No specific polling algorithms are defined in the standard 
802.16. Therefore, following simple round-robin polling 
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scheme is considered for the analysis: Each of K slots is 
assigned equally to all of the n stations in the system; There 
are less slots than the total number of stations in the system 
(In the opposite case (K>n), the system will be very lightly 
loaded, and there are more slots than the total number of 
stations in the system.  

All the stations will be able to send new BW-REQs within 
next frame, and the maximum delay can be easily 
determined- one frame duration). 

In this paper we create a simulation model of polling based 
BW-REQ mechanism, by simplifying the earlier proposed 
simulation model (Fig. 2) of wireless local area network [2]. 
Note, both simulators are created in General Purpose 
Simulation System- GPSS (World Student Version). 

The Q-scheme includes N queues, which is serviced by one 
server, and a synchronizing process switching between 
polling and vacation periods[2].  

On 802.11 is developing the following processes: The 
queues filled with a continuous bit stream when the source is 
in the ON state; The synchronizing process schedules 
transmission opportunities among all queues during polling 
periods; A vacation can occur at arbitrary points within a 
polling cycle, even it can occur multiple times within one 
polling cycle. 

Compared to model described here, the BW-REQ slots 
correspond to the polling period and Contention Period (CP) 
correspond to the vacation period, respectively.  

Below, we focus on two main simplifications of the earlier 
proposed simulation model [2]: 

Unlike the model [2] which service rate of voice packet- μ 
is stochastic value (depending of the codec rate; the 

overheads of all protocol layers above the IEEE 802.11 MAC; 
the probability of a source being in the ON state; and the rate 
of physical layer), here service rate is constant- μ=const. 
Thus, for each frame number of serviced BW-REQ requests- 
k, m, p is equal to the number of slots- K (k=l=p=K=const), 
instead these shown in Fig. 2. 

Also, the ON-OFF model is assumed to be the source for 
each of the N queues, but only non-active stations generate 
requests instead specific process of generation and dropping 
of the packets [2]. Therefore, during one frame duration, each 
non-active station generates a request with a probability λ/n, 
where λ is the mean number of requests generated by the 
system in that frame if all stations are non-active. This new 
request is put into the buffer and transmitted later on.  

The initial conditions for wireless network are given 
bellow: Number of sources- n; Total number of slots- K; 
Superframe length -Ts; BWREQ rate- λ; Service rate- μ. 

IV. SIMULATION RESULTS 

In this section we investigate the polling BW-REQ 
mechanism, by using the proposed model above under error-
free channel condition. We focus our analysis on uplink BW-
REQ transmission, and more precisely its delay performance. 
The delay performance of the system is defined as the time 
interval between the moments of issuing the BWREQ and its 
successfully transmitting. The transmission of data packets in 
both directions is ignored. 

 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

 
 

Fig 3 Simulation results 

 
In the following experiments the arrival rates {1/0.002, 

1/0.0005, 1/0.00025, 1/0.000125, 1/0.000063}and number of 
sources n=25 are chosen. 

The frame duration is set to 2.5 ms. In each frame K 
BWREQ slots are included. The duration of a slot 

corresponds to the time needed for a BW-REQ transmission, 
which is PHY layer dependent. The value of K is fixed for 
each experiment, which means that once K is chosen as any 
value at the beginning of the experiment, it is not changed. 
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For the WiMAX PHY layer, 256- carrier OFDM and 5 MHz 
bandwidth are chosen. 

The performance evaluation results (Fig.3) show that 
polling access is not very efficient when the request rate is 
low (λ=1/0.002=500 s-1 It should be noted, if the system will 
be very lightly loaded (n < K), all the stations will be able to 
send BW-REQs within a frame.  

Therefore, the delay should be one frame duration. 
However, here n > K and delay is 3-4 times bigger. 

As shown in Fig. 3, the delay performance almost does not 
degrade when channel load increases. The reason is that only 
non-active stations can generate a request, the actual request 
arrival rate in a frame can sometimes be lower than λ 
depending on the system load. 

V. CONCLUSION 

In present paper we have studied the delay performance of 
the polling BW-REQ mechanisms proposed in the WiMAX 
standard, using simulator created with GPSS-General 
Purpose Simulation System. 

The investigation of delay performance and its dependence 
of frame size, load and number of the stations in WiMAX 
network will be our future work when actual data packet 
transmission is also modeled. 
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Wireless Sensor Networks: Performance Analysis in 
Indoor Scenarios 

Mare Srbinovska1, Vladimir Dimcev2, Cvetan Gavrovski3 

Abstract -We evaluate the performance of realistic wireless 
sensor networks in indoor scenarios. All of the considered 
network is formed by nodes using the ZigBee communication 
protocol. This paper gives a short overview of the IEEE 802.15.4 
and analysis the properties and performance of IEEE 802.15.4 
through measurement of the received signal strength indicator 
(RSSI) and packet error rate (PER). 
We analyze the behavior of the RSSI for different distances and 
scenarios with direct transmissions between the remote nodes.   

Keywords -  Zigbee, RSSI, PER 

I. INTRODUCTION 

Wireless sensor network consists of a large number of 
sensor nodes that may be randomly and densely deployed. 
Sensor nodes are small electronic components capable of 
sensing many types of information from the environment, 
including temperature; light; humidity; radiation; the presence 
or nature of biological organisms; geological features; seismic 
vibrations; specific types of computer data; and more. Recent 
advancements have made it possible to make these 
components small, powerful, and energy efficient and they 
can now be manufactured cost-effectively in quantity for 
specialized telecommunications applications. Very small in 
size, the sensor nodes are capable of gathering, processing, 
and communicating information to other nodes and to the 
outside world. Based on the information handling capabilities 
and compact size of the sensor nodes, sensor networks are 
often referred to as “smart dust.”  

Distributed wireless microsensor networks are an important 
component of ubiquitous computing, and small dimensions 
are a design goal for microsensors. The energy supply of the 
sensors is a main constraint of the intended miniaturization 
process. It can be reduced only to a specific degree since 
energy density of conventional energy sources increases 
slowly. In addition to improvements in energy density, energy 
consumption can be reduced. This approach includes the use 
of energy-conserving hardware. Moreover, a higher lifetime 
of sensor networks can be accomplished through optimized 
applications, operating systems, and communication protocols.  
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Particular modules of the sensor hardware can be turned off 
when they are not needed. Wireless distributed microsensor 
systems enable fault-tolerant monitoring and control of a 
variety of applications. Due to the large number of 
microsensor nodes that may be deployed, and the long system 
lifetimes required, replacing the battery is not an option. 
Sensor systems must utilize minimal energy while operating 
over a wide range of operating scenarios. These include 
power-aware computation and communication component 
technology, low-energy signaling and networking, system 
partitioning considering computation and communication 
trade-offs, and a power-aware software infrastructure.  

The past several years have seen the rapid growth of 
wireless networking. So far wireless networking has been 
mainly focused on highdata- rate and relatively long range 
applications. 

The effort to increase the data rate can be clearly seen in the 
development of IEEE 802.11 standard series, from the initial 
1–2 Mb/s in 802.11 to as high as 54 Mb/s in 802.11a and 
802.11g (Fig. 1). Bluetooth (IEEE 802.15.1) is the first well 
known standard facing low-data-rate applications. The 
complexity of Bluetooth makes it expensive and inappropriate 
for some simple applications requiring low cost and low 
power consumption. Bluetooth also lacks flexibility in its 
topologies. Besides star topologies or so-called piconets, 
scatternets are used in Bluetooth for supporting peer-to-peer 
networks, but research work has shown that scatternets face 
scalability problems.  
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Fig. 1 Wireless networking 

As more and more low-cost high-quality devices appear on 
the market and new applications emerge every day, short-
range wireless personal area networks (WPANs), both low 
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and high-data-rate, are on the horizon. Two major efforts of 
IEEE are underway to boost the development of WPANs. One 
is the specifications of IEEE 802.15.3a, also known as ultra 
wideband (UWB), for high-rate WPANs. The other is the 
specifications of IEEE 802.15.4 (referred to as 802.15.4 here) 
for low-rate WPANs (LR-WPANs). In this paper we 
concentrate on low-rate WPANs, specifically IEEE 802.15.4. 

One of the newest standards for wireless sensor networks, 
with significant power savings, has been called ZigBee.  

The reminder of the paper is organized as follows: section 
II gives an overview of the IEEE 802.15.4 standard. In section 
III we present results from measurements made to 
characterize the basic behavior of IEEE 802.15.4 in indoor 
environments. Section IV concludes the paper. 

II. OVERVIEW OF THE IEEE  802.15.4 

The IEEE 802.15.4 standard has been adopted by the 
Zigbee Alliance for wireless personal area network 
technology. The reference model, depicted in Fig. 2, shows 
the various layers of the Zigbee wireless technology 
architecture the relationship of the IEEE 802.15.4 standard to 
the Zigbee alliance MAC layer protocol model. These layers 
facilitate the features that make Zigbee very attractive: low 
cost, very low power consumption, reliable data transfer, and 
easy implementation. Using the IEEE 802.15.4 specifications, 
the alliance focuses on the design issues related to the network, 
security and applications layers.  

 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig.2 IEEE 802.15.4 and Zigbee reference model 
 
The ZigBee technology is based on the IEEE 802.15.4 

standard and guarantees (theoretically) a transmission data 
rate equal to 250 kpbs in a wireless communication link. 
Three transmission bands are allowed by the ZigBee standard: 
(i) 2.4GHz, (ii) 868 MHz, and (iii) 916 MHz. While the first 
transmission band is available worldwide, the second and 
third are available only in Europe and USA, respectively. 

The IEEE 802.15.4 supports two PHY options. The 
868/915MHz PHY known as low-band uses binary phase shift 
keying (BPSK) modulation whereas the 2.4GHz PHY (high-
band) uses offset quadrature phase shift keying (OQPSK) 
modulation. Both modulation modes offer extremely good bit 
error rate (BER) performance at low Signal-to-Noise Ratios 
(SNR). The IEEE 802.15.4 physical layer offers a total of 27 
channels, one in the 868MHz band, ten in the 915MHz band, 

and, finally, 16 in the 2.4GHz band. The raw bit rates on these 
three frequency bands are 20 kbps, 40 kbps, and 250 kbps, 
respectively. Unlike, for example, Bluetooth, the IEEE 
802.15.4 does not use frequency hopping but is based on 
direct sequence spread spectrum (DSSS). In this case the 
measurements are made in the 2.4GHz frequency band as that 
is the area where inter-technology problems can be prominent 
and due to the fact that it is a tempting for larger scale sensor 
deployments.  

Three different kinds of nodes can be used in a wireless 
network, according to the ZigBee specifications: (i) a router, 
(ii) a coordinator, (iii) and an end device. The coordinator can 
create the network, exchange the parameters used by the 
nodes to communicate (e.g., network ID, beginning of 
transmitted frame, etc.), relay packets received from remote 
nodes towards the correct destination, and collect data from 
the sensors. Only a single coordinator can be used in a 
network.  Router, instead, relays the received packets and the 
control messages (in order to increase the network diameter), 
manages the routing tables and, if required, can also collect 
data from a sensor. The main difference between a 
coordinator and a router is that the former can create the 
network, while the latter cannot. Both these types of nodes are 
referred to as full function devices (FFDs): they can develop 
all the functions required by the ZigBee standard in order to 
set up and manage the communications. On the other hand, 
end devices, also referred to as reduced function devices 
(RFDs), can act only as remote peripherals, which collect 
values from sensors and send them to the coordinator or other 
remote nodes. However, RFDs are not involved in network 
management, and therefore, cannot send or relay control 
messages. 

Applications

Applications Profiles

Applications Framework

Network and Security Layer

MAC Layer

Physical Layer IEEE 802.15.4

ZigBee or User

ZigBee

Silicon Stack ZigBee Application

According to the ZigBee standard, three different kinds of 
network topologies are possible: (i) star, (ii) cluster-tree, and 
(iii) mesh. 
 

(i) In a star network, there are a coordinator and 
one or many RFDs (end nodes) or FFDs 
(routers) which send messages directly to the 
coordinator (up to 65536 RFDs or FFDs). 

(ii) In a cluster-tree topology, instead, there are a 
coordinator which acts as a root and either RFDs 
or routers connected to it, in order to increase the 
network dimension. The RFDs can only be the 
leaves of the tree, whereas the routers can also 
act as branches. In a cluster-tree topology, a 
beacon structure can be employed in order to 
obtain an improved battery conservation. 

(iii) In a mesh network, any source node can talk 
directly to any destination. The routers and the 
coordinator, in fact, are connected to each other, 
within their transmission ranges, in order to ease 
packet routing. The radio receivers at the 
coordinator and routers must be “on” all the time. 

We analyzed the performance of realistic wireless sensor 
networks in various indoor scenarios: scenario with direct 
transmissions between the remote nodes. All the experiments 
are conducted in an indoor environment, so that there are 
reflections due to walls and furniture. The measurements are 
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made for distance of 35metres, where the measurements are 
taken on every 2 meters. 

III. RECEIVED SIGNAL STRENGTH INDICATOR (RSSI) 
MEASUREMENTS 

The experimental setup for a ZigBee network is made by 
using ZigBeeTM Enabled Board for Radio Applications 
(ZEBRA) belonging to the Freescale Company. The ZEBRA 
modules are shown on Fig.3. 

The ZEBRA module works in the worldwide free available 
2.4 GHz ISM Band. It is made to receive or transmit data 
conform to the standard IEEE 802.15.4. The module is made 
out of the radio chip MC13192 as well as the micro controller 
HCS08GT60 from Freescale Semiconductors and an 
integrated antenna. The data transfer rate goes up to 250kBps, 
the radiation power is 1mW (low power version) or 30mW 
(high power version). There exist 16 different channels with 5 
MHz Bandwidth (each of them). For undisturbed transmission 
the module uses DSSS (direct sequence spread spectrum). The 
sensitivity is typically –85 dBm. With the provided software it 
is possible to create application for the ZEBRA module. The 
controller HCS08GT60 owns 60kB flash memory which can 
be used as program or data memory. 4kB of it in the upper 
memory area are reserved for the Freescale Bootloader. This 
enables flashing by the serial port. If an external BDM 
interface is used to flash the module (e.g. USB HCS08/HCS12 
Multilink of P&E Microcomputer Systems, Inc.), the reserved 
upper memory area can also be used for the application. 

 

 

Fig. 3  Zebra modules 

 or during 
re

itter. The relationship between RSS and 
tra

urements, the topology 
in Fig. 4 has been considered, using two nodes directly 
connected: a coordinator and an node. 

 
 

 
The wireless UART application realizes a bidirectional 

serial RS 232 point to point radio connection. The 
communication settings are 38.400 kbps, 8 Bit, 1 Stop bit, no 
flow control. The PER Test (Package Error Rate) simply 
sends 100 time different data packages from the transmitter to 
the receiver. The packet length changes from 3 Bytes 
(smallest possible) to 133 Bytes (longest possible) in 4 steps. 
So 400 data sequences are sent in 4 different package sizes. 
To set the ZEBRA module to the transmit mode, any of the 
four buttons have to be pushed during power on

set. Anyway the default mode is receiving mode. 

In particular, the impact of the distance between the two 
employed nodes is evaluated. Radio is an essential component 
of a sensor node. The basic characteristic of radio is radio 
signal strength (RSS). Usually, signal strength is expressed in 
dBm units, which is the dB expression of power referenced to 
1mW so that higher dBm value corresponds to higher power. 
In current sensor nodes, such as ZEBRA modules, their radios 
can report the Received Signal Strength Indicator (RSSI) for 
each received packet in dBm units. The RSSI is a very 
important indicator for wireless networks, since it can be used 
to characterize the channel status. Generally, the received 
signal strength gradually decreases as the receiver moves 
away from the transm

nsmitter-receiver (T-R) separation distance is described as a 
propagation model.  

In order to obtain experimental meas
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The measurements for PER and RSSI in the indoor scenario 
are made up to 35 meter distance between the transmitter and 
the receiver and the measurements are taken on every 2 
meters with 4 different packet sizes. All of these 
measurements were performed in the hall inside the 
Department of Computer Science and Automation at 

menau, Ge
 the nodes

BLE I 

ength(dBm) 

0 -85,02700175 

2 -85,51571974 

4 -86,37589786 

6 -86,58011397 

8 -86,52536419 

10 -87,55188586 

12 -87,59063188 

14 -87,28597243 

16 -87,2607487 

18 -87,78585328 

20 -87,58609143 

22 -88,13781078 

24 -87,94139356 

26 -87,98512533 

28 -88,30588669 

30 -88,05908455 

31,7 -88,00235789 

186 



0 5 10 15 20 25 30 35
-88.5

-88

-87.5

-87

-86.5

-86

-85.5

-85

distance(m)

R
S

S
I(d

B
m

)

 

187 

 
Fig. 5 Received Signal Strength Indicator (RSSI) as a function of 

distance between nodes 
 

On fig. 5, the measured RSSI is shown as a function of the 
distance between the two nodes. Solid lines represent the 
effective values measured by the coordinator, whereas the 
dashed lines are obtained by linearly interpolating the 
collected experimental values. The transmit power Pt is 0 
dBm. The difference between experimental values and dashed 
lines can be associated with the presence of reflection 
phenomena (due to walls and furniture) and obstruction 
phenomena (due to people crossing the rooms). In logarithmic 
scale, the RSSI decreases linearly, as expected, as a function 
of the distance.  

IV. PACKET ERROR RATE (PER) 

The Packet Error Rate corresponds to the ratio between the 
number of erroneous received packets and the total number of 
transmitted packets. The experiment is about the measurement 
of the PER, as a function of the distance, in a short 
communication range, considering distances between  1m and 
35 m. The average PER is around 0.38. This high PER value 
is mainly due to synchronization problems of the nodes and 
internal exchange of messages at the control level of node. 
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Fig. 6  Measured Packet Error Rate (PER) as a function of distance 
between nodes 

 
The results of the last performance analysis of a ZigBee 

network, in terms of PER, is shown in Fig. 6, where the 

“connectivity indicator,” defined as PER, is shown as a 
function of the distance between the two transmitting nodes. 
The network topology adopted in this experiment corresponds 
to that in fig. 4. According to theoretical results, an ad hoc 
wireless network has a bimodal behavior. At short distances, 
there is full connectivity and communication can be sustained. 
When the distance between the two nodes increases beyond a 
threshold value, instead, connectivity falls down rapidly and 
between the two nodes the packet loss is enormous. The 
critical maximum distance for connectivity in indoor 
environment is around 20 m. This phenomena is due to strong 
multipath phenomena in indoor scenario. 

V. CONCLUSION 

The increasing interest in wireless sensor networks is 
driven by the current technologies, which guarantee the 
availability of low power consumption and low-cost devices. 
The most attractive standard for wireless sensor networks is 
the IEEE 802.15.4 standard, which provides low-rate and 
energy-efficient data transmissions. The network performance 
using common indicators, such as RSSI and PER are analyzed. 
Experimental results by measuring the received signal 
between nodes with a real IEEE 802.15.4 hardware are taken. 
All the experiments are conducted in an indoor environment, 
so that there are reflections due to walls and furniture. The 
relation between the RSSI and PER as a function of the 
distance are examined, and the collected experimental results 
are linearly interpolated.  
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One Easy-to-Implement Method for BER Performance 
Testing of Uncoded Ultrahigh Capacity (Gbit/s) Radio 

Link 
 

Miroslav Perić1, Dragan Obradović2, Dragana Perić3, Vladimir Orlić4 
 

Abstract - In this paper we describe method for bit error 
ratio (BER) performance testing of uncoded ultra high capacity 
radio links, which key features are: simple modulation 
techniques which yields to high rate serial data streams (up to 
1Gbit/s) and huge BER range (from  1E-2 to 1E-12). Algorithm 
for parallel signal processing for PN sequence generation at 
transmitter site and synchronization to incoming PN sequence at 
receiver site is described in details. Some remarks about 
FPGA/CPLD and microcontroller software implementation are 
given. 

 
Keywords – BER testing, digital radio, paralel signal 

processing 

I. INTRODUCTION 

Bit Error Ratio - BER is one of basic parameter of digital 
communication system [1]. Therefore, its measuring is one of 
basic measurement. The basic idea is to simulate information 
source by PN sequence generator [1]-[4]. The communication 
system transmits this sequence. During transmission errors 
occurred. To detect these errors at the receiver site it is 
necessary to have reference PN generator the same as 
transmitted, and errors represents the difference between 
incoming and reference sequence (Fig 1.). 

 
 

information 
source 

digital comm. 
system 

user of
information

an nâ

 
 

Fig 1. BER measuring 
 
The ratio between the number of errors Nerr  and number 

of transmitted bits Nb is called bit error ratio BER and in limit 
process it yields to error probability Pe.  
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BER measurement is very important in digital radio, since 
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it should satisfy required performance in spite of presence of 
various types of feding. Therefore usualy radio systems are 
equiped by various types of forward error correction FEC 
mechanizms. As a consequence in digital radio BER as a 
system measure has very large range from as low as 10-12 to 
above 10-2. According to this,  synchronisation algorithm and 
error pulses processor are crutial components BER 
measurment equipment. 

In ultra high capacity digital radio interfacing problems 
between radio components and BER measiring euipment 
significantly increases especialy in early radio design testing 
phases. One of remedies to this is to implement BER 
measuring features in radio itself, usualy in FPGA chips. One 
such method is presented in this paper. 

II. CLASICAL APPROACH 

First we should consider clasical aproach in designing BER 
testing circuitry.  The structure of PN generator (Fig 2.) is 
well described in [1]. The length of PN sequence should be 
enough that its discrete behavior does not effect the behavior 
of telecommunication system, especially in clock and carrier 
recovery. ITU-T have standardized PN patterns according to 
system capacity [3], and reactions in PN generator (Fig 2.) are 
defined in it. For high capacity systems usually 223-1 and 231-1 
are used. 
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Fig. 2. Classical PN generator 
 

The basic problem in BER measuring is synchronization of 
reference PN generator to incoming sequence. Very simple 
idea, that could be derived from functioning self synchronous 
scrambler is given in [2], so called close loop synchronization. 
The concept (Fig. 3.) is at the beginning of synchronization 
data from line are directly copied into shift register (switch 
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position 1). When shift register is full, the reaction is closed 
(switch is moved to position  2). If error did not occurred 
during data coping the reference PN generator is synchronized 
to incoming sequence. If the error occurred corresponding 
error rate between reference and incoming sequence is close 
to 0.5. In practical systems it is rarely necessary to estimate 
BER higher than 0.1, so we would focus on this limit. The 
crucial question is how long sequence (Nb) should be, and 
how many errors (Nerr)  should be measured to determine this 
"false synchronization". Too long sequence would lead that 
slip occurrence would not be detected, and BER meter would 
give high error rate. On the other hand, too short sequence 
would lead that false loss of synchronization alarm may be 
caused by error multiplication process. This problem is 
described in details in [4], and it is shown that detecting Nerr= 
51 errors in a sequence shorter than Nb =511 bits is adequate 
for the most of purposes of testing data transmission systems 
without forward error correction (FEC) which have very high 
BER. 
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Fig. 3. Closed loop synchronization algorithm 

 
On the other hand, requirement for residual BER of a high 

capacity digital radio is 10-12 [6]. The crucial question is how 
long should measurement last to confirm such state. The 
answer is in determining confidence limits of BER described 
by equation (1) as a estimate of Pe. In [6] is proposed 
algorithm for measuring BER with predetermined confidence 
for binomial distribution of errors. In [7] formula for 
confidence limits for Binomial, Poisson distribution of error 
process, and  for BER as a Normal distribution process are 
given. According to this we created Table I. It is obvious that 
data for Binomial and Poisson distribution gives very close 
results, while for normal distribution slightly differs. 
 

TABLE I 
CONFIDENCE LIMITS CL FOR VARIOUS DISTRIBUTIONS 

 

Distribution conf. 
level Nerr 

Binom. Poisson Normal 
0 0 0 

0 
1.39 1.39 0.45 
7.73 7.73 8.08 

10 
13.00 13.02 12.37 
93.37 93.09 93.48 1-
α

 =
 5

0%
 

100 
107.17 107.58 106.98 

0 0 0 

1-
α

  
= 

99
%

 

0 
5.28 5.30 6.63 

3.73 3.72 4.52 
10 

21.28 21.40 22.11 
77.02 76.12 77.35 

100 
126.88 128.76 129.29 

Constructing BER measuring device directly according to 
given principle is restricted by FPGA device speeds which 
nowadays is slightly higher than 500MHz [8]. However entire 
system could be parallelized, which made possible realization 
of multi Gbit/s devices by using ultra high speed 
parallel/serial converters that are usually placed on many 
novel FPGA devices like Xilinx RocketIO [8]. We would 
describe such modification in details in this paper. 

The very important results from Table I for low residual 
BER measurements, are upper confidence limit when zero 
errors are measurement. According to this significant saving 
in measured time could be achieved. 

III. BERMETER CONCEPT 

A. Parallel signal processing architecture  
 

The basic structure of modern ultra high speed signal 
processing is shown in Fig. 4. The total bit rate is divided into 
several low bit rate branches and than serialized by clock 
multiplier and high speed ser/des register. Ratio between high 
and low speed clock Rsd is usually 8, 16 or 32.  

On the receiver side, high speed clock is recovered (RxClk), 
and at that clock data are shifted into shift register and at 
every Rsd pulse copied into parallel register. Than follow the 
parallel synchronization algorithm that resolve the delay. 
After it the data that origins form the first processing branch 
on the transmitter site, occurs at the first processing branch on 
the receiver site. 

The only limitation for such processing construction is that 
there is no infinite feedback on successive Rsd data bits. In 
that manner exact value of the signal after Rsd clocks could be 
calculated. For this purpose we find symbolic calculation in 
Wolfram Research Mathematica software very useful. 
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Fig. 4. General parallel signal processing architecture 
 
B. Parallel PN generator 
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On the example of PN sequence 215-1, we would describe 
behavior of parallel PN generator. In classical serial PN 
generator:  

15,...,2),()1(
),()()1(

1

14151

==+
⊕=+

− inana
nanana

ii

        (2) 

where ⊕ denotes modulo 2 addition, or xor logic gate. 
 
To parallelize this algorithm into Rsd=8, we have 
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 which yields of structure of two eight bit registers (Fig 5). 
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Fig. 5. Parallel PN generator in 215-1 case 
 

We also must mention that logic for avoiding forbidden 
state of all zeros in this case should be added. Such logic 
could be very easy become a botle neck of the system and 
therefore it partitioning and fiting into FPGA device should be 
done with great care. 
 
C. Parallel Error detector 
 

Fortunately, for parallel PN error detector only number of 
errors should be measured, but error positions are not 
necessary. Therefore delay resolving logic could be skipped. 
This give us opportunity that corresponding structure could be 
constructed very directly (Fig 6). 

 
For switch control in synchronization process instead of 

adding errors in accumulator register, symbol error signal 
could be used. Since symbol error probability is about Rsd 
times higher than BER, the lower bound of measurement is 
decreased to about 0.1/Rsd. For most radio application such 
reduction is not critical.  
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Fig. 6. Parallel Error detector in 215-1 case 

 
 
D. Error pulses processing 
 

The major difference to classical implementation of 
BERmeter is that accumulator for error addition should be 
implemented instead of error counter. Although Rsd times 
slower than the bit rate, such implementation may cause 
problems at high speed operation problems. One of possible 
solution is to implement Rsd parallel error counters, and add 
its values at the end of measurement time. If the measurement 
time is fixed (usually 1s) than only limitation is FPGA-
microcontroller data bus speed, which is usually not critical. 
 For basic error tests measurement with predetermined 
confidence could be implemented. Such method drastically 
decreases measurement time, and may be very useful during 
development phase of a radio system. According to model 
given in [4][7] a look up table is created that have a number of 
errors that should be counted for given confidence level 
ne(α,cl). Until given error number is not reached, the symbol 
counter counts transmitted symbols. When it is reached, the 
counting stops, and BER is calculated and displayed. BER 
calculation logic could be simplified if only BER order of 
magnitude indications should be given by LEDs. Than it 
consists only on SR flip flops that are preseted when number 
of symbols passed certain value. For example if required 
number of errors is equal to 80, and Rsd=8, than SR latches 
are reseted at the beginning and preseted if symbol counter 
passed though state of 10, 100, 1000 etc.  
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Fig. 7. Predetermined confidence BER measurement hardware 
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IV. PRACTICAL IMPLEMENTATION 
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The model of such BER meter is designed for data rate of 
155Mbit/s and could be easily extended to 622Mbit/s (Fig 8, 
9). Instead of radio device, fiber optic interface is used  [9], 
and error injection is performed with optical signal 
attenuation. This model could be easily adopted to 60GHz 
radio with ASK or DBPSK modulation, where instead of 
optical interface base band PECL level signal should be fed to 
microwave mixers at the transmitter and receiver.  
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Fig. 8. BERtester model block diagram 

 

 
Fig. 9. BER tester model realization 

 
Entire parallel processing is implemented in a Xilinx CPLD 

95288XL device [8], operating at only 19.44MHz. As a 
serializator with clock multiplier, and deserializator with 
clock recovery circuit a TDK 78P2253 transceiver is used 
[10]. For interface with PC Silabs microcontroller S8051F121 
is used. The microcontroller performs BER calculation and 
each second it transmits data to PC via serial RS232 interface. 

Given platform is used to test prototype of high capacity 
digital radio with following parameters: 

- Modulation type: QPSK, 16QAM and 128QAM  
- FEC: uncoded, inner convolution code with Viterbi 

decoding and outer ReedSolomon(255,251) 
- System capacity: 35, 70 and 155Mbit/s 
Flat fading is simulated by variable attenuators, while 

selective fading is simulated by specialy constructed lattice 

filter. Cycle slips are simulated by punching local oscillator 
circuitry by rubber hammer. 

Constructed BER tester model shows that it could easilly 
measure BER up to 2 10-2, and accurately detect cycle slips. 
Long term monitoring testing gave result of zero errors in 16 
hours, which according to Table I yilds to residual BER lower 
than 7.4 1E-13. 

V. CONCLUSION 

Described method for BER testing is very easy to 
implement in almost any FPGA or CPLD structure. High 
speed serialiser/deserialiser could be external component, as 
described in model, or internal resource of an FPGA chip. 
Algorithm could be used for measure BER from 10-2 to as low 
as 10-12, and therefore used both for FEC coded or uncoded 
systems. Practically implemented model could be used both 
for fiber optics and ASK/DPSK ultra high rate digital radio.   
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Exploring and Improving the Performance of Radio-Relay 
System Under Frequency-Selective Fading Channel 

Vladimir Orlic1, Miroslav Peric2, Miloje Zecevic3 

 
Abstract – In this paper we describe one simple method for 

exploring the performance of digital radio-relay system under 
frequency-selective fading propagation channel, and for 
improving it with linear adaptive equalizer. System M-curve 
signature measurement with fading simulator is explained in 
details, the calculation of system’s BER performance and 
availability are reviewed, the structure of designed equalizer is 
described and results of its application within the radio-relay 
system are presented.       

Keywords – Frequency-selective fading, M-curve signature 
measurement, Radio-relay system performance, Equalization. 

I. INTRODUCTION 

Frequency-selective fading is the dominant propagation 
factor for digital radio-relay (RR) systems operating at 
frequencies below about 10GHz, and is increasing rapidly 
with path length [1].  Multipath propagation caused by 
tropospheric layers is strongly frequency dispersive and may 
cause serious degradation of transmitted signal’s quality, or 
even complete outage of communication system. Impact of 
frequency-selective fading on digital microwave radio is 
briefly explored in many works [2], and is treated in 
recommendations regarding design and operation of RR 
systems ([1], [3], [4]). The robustness of digital microwave 
radio to frequency-selective propagation conditions is 
commonly defined in form of M-curve signature 
measurements, performed with propagation simulators during 
laboratory tests of RR devices.  

The operation of propagation simulator having the role of 
frequency-selective channel is usually based on Rummler’s 
simplified three-ray model (two-ray model) [5], described 
with modelling function given by: 

( ) ( )[H j a be jω ω ω τ= − − −1 0 ]                        (1) 

where stands for non-frequency selective fading (scaling 
factor), b describes amplitude of the ray delayed by 

a
τ  from 

unity amplitude direct ray, and 0ω  stands for angular 
frequency of minimum in the response – notch  frequency.  
The fade level is measured in decibels as , and 
the relative notch depth as . Thus, 
 

aA log20−=
)1log( b−20B −=
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BA +  gives the total fade depth at the response minimum – 
notch depth. The amplitude response for this function is 
shown in Fig. 1 [2]. The value of delay between the main and 
secondary path ray (τ ) is usually fixed at 6.3ns without any 
loss of generality, and it has no associated physical 
interpretation, although other delay values can be used for 
signature measurements.     

          
Fig. 1. Amplitude response of the modelling function. 

 
The two possible solutions for response consist of one with 

1<b - minimum phase function, and one with  -
nonminimum phase function. The case where the main path 
leads the secondary path is referred to the minimum phase 
case, while the case where the main path lags the secondary 
path is referred to the nonminimum phase case. 

1>b

II. M-CURVE SIGNATURE MEASUREMENT 

M-curve signature describes system’s ability to combat 
multpath fading as a function of frequency. The procedure 
used to construct M-curve signature (shown in Fig. 2) requires 
that a notch be created at a given frequency offset from the 
carrier frequency; the notch depth is increased until a 
specified bit error rate (BER) is attained. Typically two BER 
limits are explored: 10-3 and 10-6. The depth of the notch is 
then plotted at this frequency offset; the shape of the resulting 
plot of notch depths versus frequency offset is responsible for 
its name [5]. M-curve signatures for both minimum phase and 
nonminimum phase transfer function case must be measured 
to obtain a true picture of digital radio’s robustness to 
multipath fading, since some communication systems perform 
differently under these conditions. Thus, propagation 
simulator used for signature measurement should be able to 
operate in both of these modes.  

When the signature curve measurement is done, the values 
of signature width and depth should be calculated. The 
signature width for particular system is defined as distance 
between frequencies (left and right from the centre frequency) 
where notch having depth value of 40dB causes no 
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degradation on system performance. Signature depth stands 
for mean value of measured M-curve signature bounds within 
the signature width bandwidth, and may be calculated as 
fraction  of   area   under   M-curve   signature   and   value  of  

signature  width. 

 

Fig 2. Radio system M-curve signature measurement.              
 
Simulation of frequency-selective fading channel is 

performed at receiver intermediate frequency (IF), having the 
most common values of 70MHz or 140MHz. Signal at 
receiver IF is routed through simulator, and than back to 
receiver in IF closed loop structure. For evaluation of BER an 
autonomous device - BER tester, independent of fading 
simulator may be used. This device is used as a source of 
digital test signal (realized in form of appropriate pseudo-
random sequence) that’s been routed through radio RF closed 
loop, and then formed IF loop, back to receiving point of the 
unit in order to be compared with original sequence for the 
purpose of BER calculation. This measurement scheme is 
presented in Fig. 3. 
 

 
 

Fig. 3. Measurement with multipath fading simulator and 
autonomous BER tester device. 

 
Multipath fading simulator should be able to operate in 

bandwidth area of interest around central (IF carrier) 
frequency. The bandwidth of interest value depends on radio 
bitrate and channel spacing, i.e. spectrum efficiency class of 
RR device; signature width and depth limits for medium 
capacity systems valid for both minimum and nonminimum 
phase cases are defined in [4].  
 

During previous work we have explored performance of 
RRU13A/34 and RRU23A/34 - medium capacity RR 
systemsoperating at 13GHz and 23GHz frequency bands and 
having 34.368Mbit/s (17x2) bitrate with commercial 
propagation simulator device [6].  The results we have 
achieved show that for a given capacity and modulation 
according to OQPSK scheme, system signature width for 
different RR devices closely match and have the values 
around 26.7MHz for minimum phase and around 24.7MHz 
for nonminimum phase case (according to [4], less than 
30MHz is required for a Class 1 system at BER=10-3  limit). 

Also, minimum notch depth values in M-curve signature are 
always positioned around 135MHz and 145MHz points, for 
both operating modes. Thus, fast evaluation of system 
signature depth may be achieved by measuring system 
signature in range between these two points; for this purpose 
we have used parallel resonant RLC structures that perform as 
notch filters in the frequency area of interest. The position of 
the notch in such a structure may be controlled by adjusting 
the value of capacitance in resonance (for a fixed value of 
involved inductance), while the notch depth may be controlled 
via value of involved resistance. Usage of JFET as voltage-
controlled resistance and varicap diode as voltage-controlled 
capacitance showed to be applicable for this purpose. An 
external circuitry for appropriate polarization of these 
elements may be used in order to achieve full controlling of 
notch filter transfer function by simply adjusting the 
polarization voltage values. 

For the purpose of M-curve signature measurement we 
have used easy-to-construct resonant structure described 
above to simulate minimum and nonminimum phase 
frequency-selective fading channels at receiver IF; 
polarization voltages for JFET and varicap diode are 
generated by external DACs driven from the microcontroller 
(Fig. 4). Digital signal values corresponding to predefined set 
of attributes (notch position and depth) are stored in memory 
of microcontroller and may be addressed by the user via PC 
serial interface. Also, either minimum or nonminimum phase 
operating mode may be selected. 

The simulator we have designed has the following 
characteristics: notch frequencies may be settled within the 
range from 133MHz to 147MHz with 1MHz step and 0.1MHz 
precision, while  notch depth may be chosen from 0 to 30dB 
with 0.5dB step and 0.2dB precision. System may work in 
both minimum and nonminimum phase mode, and is fully 
controlled by the user PC – for this purpose we have 
developed hyperterminal software for communication 
between PC and on-board microcontroller. 

 

Fig. 4. Structure of frequency-selective fading simulator with 
controllable notch frequency and depth. 

III. SYSTEM PERFORMANCE CALCULATION 

When M-curve signature measurement is done, and values 
of signature width and depth are found, the probability of 
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outage caused by multipath fading and thermal noise can be 
computed using the formula: 

/ 2 / 2 2 /( S FP P P )α α α= +                        (2) 
where FP   stands for probability that system flat fade margin 
is exceeded and can be calculated according to [3], while 

stands for probability of outage due to selective fading. 
There are several methods that use concept of signatures to 
compute [1], the method recommended in [3] assumes 

SP

=
SP

2α  and  is given by: SP
 

2 2
/ 20/ 20

, ,

2.15 ( 10 10 )NMM BB m m
S M NM

r M r NM

P W W
τ τ

η
τ τ

−−= × + ×    (3) 

 
where xW  stands for  signature width (GHz), xB  for signature 
depth (dB), ,r xτ  for the reference delay (ns) used to obtain 
signature, with x  denoting either minimum phase (M) or 
nonminimum phase (NM) fades. mτ  stands for the mean time 
delay (ns) that can be calculated using the path length (km): d
 

      1.30.7( )
50m
dτ =           (4) 

 
The propagation parameter η  is related to the deep fade 
occurrence factor : 0P
 
                (5) 3/ 4

01 exp( 0.2 )Pη = − − ⋅
 

Multipath occurrence factor 0  is corresponding to the 
percentage of the time (%) of exceeding fade depth 
boundaries in the average worst month. Its value depends on 
carrier frequency, path length, antenna heights and area terrain 
profile and can be calculated  according to [3].  

P

Using above expressions probability of outage due to 
frequency-selective fading  (given in the percentage of time) 
can be computed, and its value can be compared with system 
availability limits calculated according to [7] (0.006% of time 
for long haul, 0.04% of time for short haul and 0.05% of time 
for access networks – path lengths up to 50km) and  system 
quality limits corresponding to severely error second ratio 
(SESR) calculated according to [8] (0.0012% of time for 0.01 
long haul, 0.0022% of time for 0.02 long haul, 0.015% of time 
for short haul and access networks – path lengths up to 50km). 
We have calculated probability of outage due to multipath 
fading for system signature depth values of 14dB, 20dB and 
25dB and present them as a function of frequency and path 
length in Table I. 

The values presented in Table 1 (calculated for hypothetical 
system with assumed OQPSK modulation scheme, 100m 
antenna heights, 39dBi total antenna gains, 25dBm system 
output power, 28 MHz channel spacing, 6.3 ns nominal echo 
delay, 30 MHz signature widths at 1+0 link configuration) 
clearly show that impact of multipath fading on system 
performance increases rapidly with path length and  operating 

frequency. When outage due to multipath fading exceeds the 
recommended limits, involving some kind of protection 
against frequency-selective fading is necessary. 

 
TABLE I 

OUTAGE  DUE TO MULTIPATH FADING (HYPOTHETICAL SYSTEM)  

 

IV. IMPROVING THE SYSTEM PERFORMANCE 

While the nature of some communication systems, like 
spread-spectrum and OFDM-based systems, decreases the 
impact of frequency-selective fading itself, many systems 
require additional countermeasures to propagation effects. 
There are two countermeasures to propagation distortion 
commonly used: diversity techniques and adaptive channel 
equalizers.  Since the usage of diversity within RR systems 
seriously increases realization and maintenance costs, 
adaptive equalizers are considered to be very attractive 
solution to combat multipath fading effects. 

In most communication systems that employ equalizers 
channel characteristics are unknown a priori, and, in many 
cases, channel response is time-variant. In such a case, the 
equalizers are designed to be adjustable to the channel 
response and, for time-variant channels, to be adaptive to the 
time variations in the channel response [9].  Time domain 
equalization is the most natural approach, since it attacks 
intersymbol interference directly: during the acquisition 
process previously distorted signal can be processed with the 
goal to re-establish its original quality, commonly observed in 
context of signal eye-pattern. Digital equalizers have the form 
of transversal filters whose internal structure depends on 
assumed algorithm for adaptation of filter tap coefficients and 
specific application. Various adaptation algorithms have been 
developed that differ on complexity, precision and 
convergence rate; the simplest structures of adaptive 
equalizers are linear adaptive equalizers based on Least Mean 
Square (LMS) or Zero Forcing (ZF) algorithm.   

We made experiments in order to explore the optimal 
structure of adaptive equalizer in context of minimum 
complexity that satisfies demand for improving the 
performance of a system degraded by multipath fading. LMS 
adaptation algorithm was assumed (Fig. 5). 
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Fig. 5. Linear adaptive equalizer based on LMS algorithm Fig. 7. Signal spectra at input (left) and output (right) of fading 
simulator: IF 140MHz, notch freq. 133MHz, notch depth 15dB  

 The functionality of LMS algorithm may be expressed by the 
following equations: 
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Where  stands for (unequalized) input signal,  for 
signal after equalization,  for results of comparation  
with threshold value, 

)(ku )(ky
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ε  for error signal and μ  for 
multiplication constant for weighting the adaptation of values 
of tap coefficients . In [10] we have described in details the 
accepted structure having only three taps, that has been 
implemented on Spartan-3 FPGA and included in RR devices 
IMTEL Komunikacije Series A with E3+E1 capacity (Fig. 6).  
The ability of RR system RRU 8A (8GHz, E3+E1 capacity) to 
combat frequency-selective fading was tested in order to 
explore achieved improvement in performance with equalizer 
involved. Frequency-selective channel was simulated with 
propagation simulator previously described (the signal spectra 
at input and output port of simulator is shown in Fig. 7: notch 
freq. 133MHz, notch depth 15dB) and corresponding M-curve 
signatures for simulator operating in NM phase mode are 
given in Fig. 8.  

iC
 

Fig. 8. M-curve signature for RR system with and without equalizer 
– NM phase fading case, E3+E1 bitrate, OQPSK modulation 

V. CONCLUSION 

In this paper the importance of measurement of multipath 
fading impact on RR system performance has been presented. 
Proposed easy-to-implement solution for propagation 
simulator can be used for the purpose of laboratory 
measurements, according to mentioned recommendations 
system performance can be computed and proposed equalizer 
structure can be used for its improvement.  
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Designing a Compound Chaotic System 
Based on the Hide’s Model 

Dragomir P. Chantov1 

 
Abstract – In this paper an approach to design a high-order 

chaotic system with complex dynamics on the base of the well-
known Hide model is proposed. The resulted compound chaotic 
system is obtained using the principles of chaotic 
synchronization. A synchronization scheme between two 
compound systems, synthesized by the principle of linear-
nonlinear decomposition is also proposed. 

 
Keywords – Chaotic systems, Chaotic synchronization, Linear-

nonlinear decomposition. 

I. INTRODUCTION 

During the last two decades a tremendous increase of 
interest in one specific field of the nonlinear science - the 
chaotic dynamics, is observed. This is mainly due to the fact 
that these systems have some properties, which are common 
as for the stochastic systems as well as for the systems with 
regular behaviour. It was found that the chaotic systems, due 
to their intrinsic features, such as a strange attractor in the 
phase space and a positive Lyapunov exponent, can be used 
for data protection in secure communication systems or for 
encrypting text or images. Such systems are based on a 
phenomenon, called chaotic synchronization, where two or 
more chaotic systems tune their dynamics to each other. 

Most of the known models of chaotic systems are of low-
order – mostly third-order continuous chaotic models and 
two- or third-order discrete chaotic models are known so far. 
Few fourth-order continuous models and very few fifth- and 
high-order chaotic models are known. At the same time, it 
was found that the high-order chaotic systems usually possess 
more complex dynamics, compared with the low-order 
models, which can be a significant advantage in the chaotic 
data protection systems. Using such systems, a higher degree 
of data security can be achieved. 

In this paper a simple yet reliable approach for designing 
high-order chaotic models is proposed. It is based on the 
partial replacement chaotic synchronization method. The well-
known Hide third-order chaotic model is used to build a sixth-
order compound chaotic system. As the main potential 
application of such system is in data protection systems, some 
synchronization schemes between two compound Hide 
systems are proposed. The standard linear-nonlinear 
decomposition synchronization approach and a new 
modification of it are used for the schemes. This approach has 
one significant advantage over the other known 
synchronization methods – it allows precise stability analysis. 
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II. BUILDING COMPOUND CHAOTIC SYSTEMS USING 
CHAOTIC SYNCHRONIZATION PRINCIPLE 

Every continuous chaotic system can be presented in the 
form: 

                                      ,                                  (1) ( )t,xfx =&

where  and nℜ∈x ( )t,xf  is a nonlinear function of the state 
variables. 

The chaotic synchronization problem can be formulated in 
the following way: given two (or more) identical chaotic 
systems of type (1), one has to find a proper coupling between 
them, such that the two systems evolve identically when they 
are started from different initial conditions [1]. In the case of 
uni-directional coupling the system providing the coupling is 
called Master system, and the other system – Slave system. 

Different synchronization methods exist depending on the 
type of the coupling. By the popular partial replacement 
method [5] if the Master system is described by Eq. (1), the 
Slave system is defined with: 

                                ( txi ,, )~~ xfx =& ,                                  (2) 

where nℜ∈x~  is the state vector of the Slave system, 
( ) ( )xi , tt ,~,~ xfxf =  and  is a state variable from the Master 

system which substitutes the corresponding variable 
ix

ix~  only 
on one position in the Slave system’s model. 

Apparently many possible substitutions in the form of Eq. 
(2) exist for a given pair of chaotic models. Generally by the 
synchronization problems one has to find such coupling that: 

                                      ,                                  (3) 0)(lim =
∞→

t
t

e

where: 

                                       )(~)()( ttt xxe −=                              (4) 

is the error function between the two state vectors. 
If, on the contrary, the coupling is chosen in such way that: 

                                    ,                              (5) )()(lim tmt
t

=
∞→

e

where  is chaotic function, the two chaotic systems (1) 
and (2) can be assumed as one compound chaotic system of 

-th order. 

)(tm

n2
In this case it is obvious, that due to the coupling the 

dynamics of the Slave subsystem of the compound system (1)- 
(2) will be subjugated to the Master subsystem and the two 
subsystems can be viewed as a high-order chaotic generator. 
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This concept can be generalized for cases, when the 
parameters of Eqs. (1) and (2) are not equal, as is common 
with the basic synchronization problems. Then the Master and 
the Slave subsystems are: 

                                ,                                    (6) ( t,,pxfx =& )
)                                ,                               (7) ( txi ,,~,~~ pxfx =&

where pp ~≠  are the parameter vectors of the two systems. 
It is even possible to apply this principle to two completely 

different chaotic systems: 

                                ,                                    (8) ( t,,pxfx =& )
)                                ,                              (9) ( txi ,,,qygy =&

where  is the state vector and q  is the parameter 
vector of the Slave subsystem. 

mℜ∈y

The presented technique allows to artificially obtain high-
order software chaotic generators with complex dynamics 
when such is needed in particular applications. Using this 
principle, one can also couple more than two simple chaotic 
systems and obtain a compound system of even higher order. 

III. HIDE CHAOTIC SYSTEM 

The Hide’s model describes an electro-mechanical system 
with chaotic behaviour [4]. Since the model will be used only 
as an abstract chaos generator in this paper, the exact system 
which it describes will not be discussed here. The model’s 
equations are: 

                                                       (10) 
,
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where the nominal values of the system parameters, for which 
the system exhibits chaotic behaviour, are: ,2=β  ,20=α  

2.1=λ  and . 1=k
The system’s typical chaotic attractor, built up from a 

virtually infinite number of unstable periodic orbits, confined 
in some basin in the phase space, is shown on Fig. 1a. A 
Poincare section in the plane  for  is shown on 
Fig. 1b. The form of the Poincare section confirms the chaotic 
nature of the system. 

),( 31 xx 62 =x

 
 
 
 
 
 
 
 
 
                              a.                                                 b. 

Fig. 1. Presence of chaos in the Hide system. a - chaotic attractor,      
b – Poincare section  

 

IV. COMPOUND 6-TH ORDER CHAOTIC SYSTEM ON 
THE BASIS OF HIDE’S SYSTEM 

A synchronization scheme of the type of Eqs. (6) and (7) is 
built for the Hide’s model. The Master subsystem is described 
by Eq. (10). After some research, a coupling that satisfies Eq. 
(5) is found. The coupling variable is  in the second 
equation of the Slave subsystem: 
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The parameters of Eq. (11) are chosen to be different from 
those of Eq. (10): ,2.2~

=β ,22~ =α 3.1~
=λ  and 1.1

~
=k . 

For convenience the compound system (10)-(11) can be 
rewritten assuming that [ ] [ ]TT xxxxxx 654321

~~~~ ==x : 
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It was proved by simulation with Simulink that for the 
chosen coupling Eq. (5) holds. The state space of the error 
function iii xxeeee ~),,,( 321 −= , is shown on Fig. 2a. It is 
evident that the error system attractor is chaotic. The attractor 
of the Slave subsystem is shown on Fig. 2b. Apparently, this 
attractor is of completely different shape, compared to the 
attractor of the Master subsystem, shown on Fig. 1a. Thus, by 
the simple coupling with the  variable the dynamics of the 
Slave subsystem becomes conjugated to that of the Master 
system, it is chaotic too, but different from the basic Hide 
attractor and therefore the compound system, described by Eq. 
(12) can be considered as a 6-th order chaotic generator. 

2x

 
 

 
 
 
 

 
 
                              a.                                                 b. 

Fig. 2. Compound Hide system. a - attractor of the error function,      
b – attractor of the Slave subsystem  

 
To confirm the complex dependence between the variables 

of the Master and the Slave subsystems of the Hide’s 
compound system, two of the „mixed” state subspaces, 
formed by variables of x  and x~ , are shown on Fig. 3. The 
attractors in the subspaces  and  are ),( 4xx , 21 x ),,( 532 xxx

4x5x  

3e
6x  

3x  1e2e3x

2x  1x 1x
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apparently chaotic and of different shape and size, compared 
to the basic Hide attractor. 

 
 

 
 
 
 

 
 
                              a.                                                 b. 

Fig. 3. Attractor of the compound Hide system.                                  
a - subspace,  b - subspace  ),,( 421 xxx ),,( 532 xxx

V. SYNCHRONIZATION BETWEEN TWO COMPOUND 
HIDE SYSTEMS 

Given the compound Hide system, it is important to find 
some stable synchronization schemes between two such 
identical systems with a view to the possible application of 
this system in data protection systems. 

Two different synchronization schemes on the basis of the 
linear-nonlinear decomposition method are presented 
below. This synchronization approach [7] is recommended for 
cases, when the precise stability analysis of the 
synchronization manifold is crucial. The essence of the 
method is in the following: given a continuous chaotic system 
of type (1), one can separate the linear and the nonlinear 
parts of the system, if this is possible, in the following way: 

                            ,                      (13) )),(()()( tttt xhАxx +=&

where  contains all nonlinear terms of Eq. (1) and 
the  matrix contains the linear terms.  

)),(( ttxh
А

If Eq. (13) is assumed to be a Master system, the Slave 
system is built as a copy of the linear part of (13), driven by 
the nonlinear terms: 

                             )),(()(~)(~ tttt xhxAx +=& .                     (14) 

The error system, obtained by subtracting (14) from (13), is 
then a linear system: 

                          )())(~)(()( tttt АexxAe =−=& .                (15) 

Thus, the stability of the synchronization manifold is 
proven simply by calculating the eigenvalues of the  
matrix. 

А

Given the compound Hide system with Eq. (12), it can 
easily be decomposed in the form of  Eq. (13) with linear part: 

                         ,                   (16) 
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and a nonlinear part: 
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Then, if Eq. (12) is the Master system of the 
synchronization scheme, the Slave system is: 
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                      (18) 

The stability of the synchronization scheme, defined by 
Eqs. (12),(18) can be proved by calculating the eigenvalues of 
Eq. (16), which for the given set of parameters are: 

   jj 5.11.1,4.11.1, 1- , 0 5,63,421 ±−=±−=== ρρρρ .  (19) 

A synchronization scheme is stable and Eq. (3) is fulfilled 
when all eigenvalues of the  matrix are with negative real 
parts. However, if the maximum eigenvalue is zero, as is the 
case here, a more complex type of synchronization between 
the systems (12) and (18) occurs. It is called marginal 
synchronization [3,6] and is characterized by: 

А

                                      ,                               (20) ct
t

=
∞→

)(lime

where c is a constant, depending on the initial conditions of 
the two systems. 

The synchronization scheme is simulated with Simulink 
and the presence of marginal synchronization was confirmed. 
The only variable of the error vector e, different of zero, is 

555
~xxe −= . For the chosen set of initial conditions - 

[ ]T513132)0( =x  and [ ]T422223)0(~ =x ,  
the non-zero error is 1.25 =e

)5(x
. It was found that only the 

initial conditions   and )5(~x  affect the value of . For 
example changing 

5e
)5(~x  to 5 gives marginal synchronization 

with 1.55 =e . The error dynamics is shown on Fig. 4.  
 
 
 
 
 
 
 
 
 

                             a.                                                      b. 
Fig. 4. Error dynamics. a - , b -   )(),(),(),(),( 64321 tetetetete )(5 te
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The time series of  and 5x 5
~x  are shown on Fig. 5a. Here 

the interesting phenomenon of two chaotic signals evolving 
equally, but with constant separation from each other, can be 
seen. Fig. 5b shows the projection of the combined attractor of 
the two compound Hide systems in the phase plane )~,( 55 xx . 

On Fig. 7 the time evolution of  and 5x 5
~x , and the phase 

plane )~,( 55 xx  are shown. Apparently the two chaotic signals 
evolve identically, such is the case for all other pairs ii xx ~, . 
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                             a.                                                      b. 
Fig. 5. Marginal synchronization. a - )(~),( 55 txtx

)
,                            

b – phase plane ~,( 55 xx  

 
In order to search for different types of synchronization, 

namely identical synchronization of type of Eq. (3), the linear-
nonlinear decomposition method can be further extended by 
introducing a linear feedback coupling into the Slave system: 

             ,       (21) ))(~)(()),(()(~)(~ tttttt fb xxEαxhxAx −++=&

where   is the coupling gain vector and E is the coupling 
matrix. 

fbα

Thus, the error system remains linear:  

                                  ,                         (22) )()()( tt fb eEαАe −=&

but now there exist many possibilities to tune the coupling by 
introducing different types of feedback. 

If in the synchronization scheme (12),(18) a feedback 
coupling with  is introduced, i.e. the 
fifth equation of the Slave system is changed with: 

[ 0100000=fbα ]

                     ,)~(10~~
)1(~~

552
2
45 xxxkxx −+−−= α&            (23) 

the eigenvalues of the linear  matrix are: )( EαА fb−

 jj 5.11.1,4.11.1, 10- , 1 5,63,421 ±−=±−==−= λλλλ ,  (24) 

and because all of them are with negative real parts, the 
synchronization scheme is stable and identical 
synchronization will occur. 

The simulation results for the modified feedback coupling 
with Eq. (23) are presented on Fig. 6. 

 
 
 
 
 
 
 
 
 

                             a.                                                      b. 
Fig. 6. Identical synchronization. a - ,b - )()( 31 tete ÷ )()( 64 tete ÷  

 
 
 
 
 
 
 
 

                             a.                                                      b. 
Fig. 7. Identical synchronization. a - )(~),( 55 txtx

)
,                              

b – phase plane ~,( 55 xx  

V. CONCLUSION 

The proposed approach to build high-order compound 
chaotic systems provides a simple yet efficient tool to 
generate complex chaotic dynamics. Such kind of ostensibly 
random signal can be used to hide the information signal in 
different kind of data protection systems – communication 
systems over the Internet or by radio waves, systems for 
encrypting text and images etc., which were proposed so far in 
the real world [2]. In the core of such systems there is always 
a stable chaotic synchronization scheme.  

The applicability of the compound Hide system to build 
synchronization schemes was shown with two schemes, 
designed using the linear-nonlinear synchronization approach. 
The marginal synchronization, achieved by the basic linear-
nonlinear coupling, is dependent on the initial conditions, and 
this can be used to achieve a higher security level in data 
protection systems.  
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Synchronization of Hyperchaotic Systems                    
with Impermanent One-Variable Coupling 

Dragomir P. Chantov1 

 
Abstract – In this paper synchronization schemes for the Hoff 

fourth-order hyperchaotic system are proposed. The schemes are 
designed in such way, that the most economical possible coupling 
between the master and the slave systems is applied. This is 
achieved firstly, by finding a fast synchronization scheme with 
only one-variable coupling, and secondly – by applying the 
coupling not constantly, but only for short periods of time. 

 
Keywords – Chaos, Chaotic synchronization, Feedback 

coupling 
 

I. INTRODUCTION 
 

Recently there has been growing interest in the 
investigation of the chaotic synchronization phenomenon. 
Being nonlinear systems with very special type of dynamic 
behaviour, more common to the stochastic systems, the 
chaotic systems were long considered as non-usable in the 
real-world. Moreover, the chaos was counted as a harmful and 
non-controllable system state. After 1990, control methods for 
chaotic systems were invented with the aim to stabilize a 
given chaotic system in a fixed-point or in a periodic orbit. 
Then, it was found that chaos can also be useful, and even 
methods for artificially generating chaos in a preliminary non-
chaotic nonlinear systems were proposed. Such is the case in 
some processes of chaotic mixing in chemical reactors, where 
the efficiency is increased when the species are fed chaotically 
in the reactor. 

Another field of interest is the implementation of chaotic 
systems in secure communication systems, where the pseudo-
randomness of the chaotic signal is used to mask the 
information signal. Such systems are based on a very 
interesting phenomenon, observed by chaotic systems - the 
chaotic synchronization. It was found that two or more chaotic 
systems can synchronize their dynamics and evolve 
identically and at the same time pseudo-randomly, when a 
suitable coupling is applied between them. Recently, the 
designing of the synchronization coupling was evolved in a 
major task in the nonlinear science. Many different kinds of 
chaotic synchronization methods are proposed so far, each 
with its advantages and drawbacks, but what is common, is 
that no universal chaotic synchronization method exists, 
which can always guarantee the synchronization between a 
given pair of chaotic systems. This fact predetermines the 
constant research in this field and frequently new 
synchronization methods and new modifications of the 
existing  ones  are  proposed.  Every   synchronization method  
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can be suitable in some cases and non-usable in others. Some 
methods aim at increasing the speed of the synchronization, 
others – at the simplicity of the synchronization scheme, third 
– at the strong analytical proof of synchronization stability. 

In this paper synchronization schemes that satisfy the 
possible requirement for a most-economical type of coupling 
between the systems, subjected to synchronization, are 
proposed. This is achieved by two main approaches. First, a 
stable synchronization scheme with only one master-system 
variable, used for the coupling, is designed. To achieve 
synchronization, a method called combined synchronization 
approach, is used. This method was proposed by the author 
earlier and has the advantage of offering many possible 
couplings between the systems, of which one can choose the 
most appropriate, in particular the fastest one-variable 
coupling is chosen for the given case. The second technique, 
applied in terms of the economy, is based on the principle, 
that no continuous coupling is necessary to achieve 
synchronization for most of the known chaotic systems. So, 
the coupling is switched on only for short periods of time, 
chosen carefully, and between them the two systems evolve 
independently.  

The experiments are conducted with computer simulations, 
using the fourth-order Hoff hyperchaotic system as a basis for 
the synchronization schemes. However, the proposed 
technique is not confined only to this system and can be used 
with most of the known continuous chaotic models after some 
research on the particular system’s properties. 

  
II. PRINCIPLES OF CHAOTIC SYNCHRONIZATION 

 
The synchronization of chaotic systems is a phenomenon, 

by which two or more such systems synchronize their 
dynamics in some way. Although synchronization between 
two completely different chaotic systems is possible 
(generalized synchronization), one usually deals with the so 
called identical synchronization – given two identical chaotic 
systems, being started from different initial conditions, one 
has to find a coupling between them, such that their dynamics 
become synchronized and they evolve identically in time. In 
general, in the case of a one-way coupling, which is more 
common, the two chaotic systems (called master and slave) 
can be presented in the form [1]: 

               Master      ( )t,xfx =& ,                                       (1) 

               Slave         ( t,, )~~ xxfx =& ,                                   (2) 

where , nℜ∈x nℜ∈x~  are the state vectors of the two 
systems. 

A basic scheme of the synchronization principle is shown 
on Fig. 1. 
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Fig. 1. Basic synchronization principle 
 
The coupling between the Master and the Slave systems has 

to be designed in such way that: 

                                      0)(lim =
∞→

t
t

e ,                                  (3) 

where )(~)()( ttt xxe −=  is the “error” between the states of the 
two systems. 

It was found, that continuous coupling is not always needed 
to achieve synchronization. Some schemes with occasional 
coupling were proposed [2,5,6]. The common with them is the 
principle, that two chaotic systems can synchronize if the 
coupling signal is active only for short periods of time. The 
slave system is then defined by: 

               Slave         ( t,, )~~ uxfx =& ,                                   (4) 

where u is a periodic function with period T, defined by: 

                                                                   (5) 
⎩
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⎧

∉
∈

=
syn

syn

Tt
Tt
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,

x
x

u

and  is the time, during which the synchronization 
signal from the master system is fed into the slave system. 

TTsyn ∈

The principle of this impermanent coupling is shown on 
Fig. 2. The switch is controlled by the pulse generator. 

Many synchronization approaches are proposed so far. In 
general, they can be divided into two main groups – 
decomposition ones, by which the master system is 
decomposed in two parts and one of them is used as a coupling 
signal; and methods with feedback in the slave system. What 
is common between all of them, is that each approach permits 
several variants to design the coupling for a given pair of 
chaotic systems, but there is no guarantee, that a particular 
variant of a particular synchronization approach will give 
stable synchronization for a particular chaotic system. That is 
to say, no universal synchronization approach exists. Then if 
one can specify a synchronization method, which retains the 
advantages of the known methods, but gives much more 
possible variants to design the coupling, the possibility of 
finding a stable scheme is greater and the method will be more 
universal. 

By the so called combined synchronization approach, 
proposed by the author, the coupling scheme is designed  as a 
combination  between two known synchronization methods- 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig. 2. Synchronization with impermanent coupling 
 

partial replacement [3,8] and one-way feedback [1,7]. The 
master and the slave systems are defined with: 

        Master     ( )ix,xfx =& ,                                              (6) 

          Slave        ( ) ( xxExfx )~,~~ −+= αix& ,                          (7) 

where  is a master system variable, which according to the 
partial replacement principle substitutes its corresponding 
slave system variable in only one position of the slave 
system’s model. Thus several coupling combinations are 
possible for a given chaotic model. The second coupling is the 
feedback-type term 

ix

( )xxE ~−α  in Eq. (7), where α  is the 
coupling gain and E is the coupling matrix, which determines 
which difference ixix ~−  is introduced in which equation of 
the slave system’s model. 

Apparently, by simultaneously applying the two principles 
described above, many different coupling variants are 
possible, much more than those obtained by applying only 
partial replacement (PR) or only feedback coupling (FC). If 
for a given system p PR variants and q FC variants are 
possible, the combined approach will give pxq variants. Then 
one can choose the most appropriate from this vast number of 
variants, for example the variant with the fastest 
synchronization, or in terms of the problem discussed here – a 
variant which uses only one variable if economical coupling is 
aimed. Additionally, the fastest of all variants with only one 
particular variable  can be chosen. ix

To make the coupling even more economical, the principle 
of impermanent coupling can also be applied to the combined 
synchronization method. The slave system model (7) is then 
changed by:                         

          Slave       ( ) ( xuExfx ~,~~ −+= αiu& ) ,                          (8) 

where u is defined by Eq. (5). 

0)~(lim =−
∞→

xx
t

x  

    Master 
  ( )t,xfx =&  

     Slave  
( )t,,~~ xxfx =&  

x
synT  

u

    Master 
  ( )t,xfx =&  

     Slave  
( )t,,~~ uxfx =&  

x~
PULSE 

GENERATOR

0)~(lim =−
∞→

xx
t
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III. ONE-VARIABLE SYNCHRONIZATION SCHEME FOR 
THE HOFF HYPERCHAOTIC SYSTEM 

 
To illustrate the synchronization technique, described in 

Section II, a well-known hyperchaotic model is used. 
Hyperchaotic systems possess two or more positive Lyapunov 
exponents, which define the setting apart of two orbits in state 
space, started very close to each other. Such systems have 
more complex behaviour than “regular” chaotic systems with 
one positive Lyapunov exponent and are preferable in chaotic 
communication systems. 

The Hoff hyperchaotic system [4] is a model of a chemical 
reactor and is described by the equations: 

                                              (9) 
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where the hyperchaos is most evident for ,10,24.0 == ba  
. 100,01.0,20 === nec

Notwithstanding that the Hoff system describes a chemical 
reaction, its equations can be used as a reliable software 
chaotic generator with possible application in data-protection 
systems. To make use of this, one has first to design stable 
and fast synchronization scheme. 

Since the task is to design a one-variable coupling, it will 
be assumed that only  is accessible. Before the application 
of the combined synchronization method, the partial 
replacement and feedback coupling with  are tested alone. 
It was found, that the best results of five possible -
couplings are achieved when this variable substitutes 

1x

1x

1x

1
~x        

in the fourth equation of the slave system – the transient 
before the two systems synchronize is about 7 simulation 
seconds. By applying only the feedback -coupling, the 
fastest synchronization is for 

1x
2=α  - about 10 seconds. After 

consecutively testing all possible -couplings of the 
combined synchronization method, it was found that the best 
results are achieved for the following variant of the slave 
system, designed according to Eq. (7): 

1x

and [ ]T1114)0(~ =x

x

1x

. The length of the transient does not 
depend on the initial conditions, so the results are 
representative for all admissible initial conditions. 
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             (10) 

The systems (9) and (10) are respectively the master and 
the slave system of the synchronization scheme, designed 
according to the combined principle of Eqs. (6) and (7). The 
two systems synchronize for about 4 seconds for 1=α  (the 
fastest result for all possible values of α ), as can be seen on 
Fig. 3, where the error functions )(~)(txi=

re 3)0 =

)(tei

 (x

txi−

[ 03

 are 

presented. The initial conditions a ]T0  

 
 
 
 
 
 
 
 
 
 
 
 
 

Fig. 3. Error functions for -coupling 1x
 

The exploiting of the variants with only -, - and -
coupling shows, that no stable synchronization exists for 
every possible only - or only -couplings of the 
combined synchronization method and the fastest 
synchronization, achieved for -coupling is with about 7 
seconds transient. Thus, the synchronization scheme (9)-(10) 
is the fastest of all possible one-variable coupling 
synchronization schemes. 

2x 3x 4x

2 3x

4x

 
IV. SYNCHRONIZATION WITH IMPERMANENT 

COUPLING 
 

The -synchronization scheme, defined in Section III is 
the fastest one-variable coupling scheme for the Hoff system. 
If the aim is to find not only the fastest coupling with one 
variable, but to make it more “economical”, if possible, the 
principle of impermanent coupling, defined in Section II, can 
be applied to the combined synchronization scheme, defined 
with Eqs. (9) and (10). To do this, one has to research: 

- what is the minimum possible length of synT  to 
guarantee stable synchronization? 

- what is the maximum admissible length of the period 
T  of the driving signal  u from Eq. (8)? 

The simulation experiments show, that if sTsyn 7< , i.e. the 
-coupling is fed to the slave systems for less than 7 

seconds, the systems cannot synchronize. 
1x

So, if one choose for example T , the next step is to 
determine a suitable value for the signal period T. This is done 
by applying only one synchronization pulse T  to the 
synchronization scheme and let the two systems evolve 
unconnected to see when they will begin to desynchronize. 
The error functions for this case are shown on Fig. 4. The 
coupling is applied only for the first 10 seconds. It is evident, 
that for the next 70-80 seconds the unconnected systems 

ssyn 10=

syn
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remain synchronized. Only after that they begin to evolve 
independent from each other. 
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Fig. 4. Error functions with one-pulse coupling 
 
Then, the minimum admissible period of the driving signal 

u which will guarantee uninterrupted synchronization between 
the master and the slave systems must be  for the case 
when . The error functions for 

sT 80≈
TsynsTsyn 10= s10=  and 

 are shown on Fig. 5. The moments of activation of 
the connection between the systems are marked with arrows. 
The length of the transient before the initial synchronization is 
achieved is the same as in the permanent-coupling scheme 
from Section III – about 4 seconds. 

sT 80=

  
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig. 5. Error functions with impermanent coupling 
 
It was found however, that the minimum admissible length 

of the period T of the driving signal u depends of the value of 
the synchronization pulse . synT

For example, if , the two systems run 
synchronuously only for about 50, not 80 seconds as above, so 
a suitable value for T will be e.g. . The simulation 
with  and T  gives exactly the same results as 
in the previous example. 

sTsyn 8=

s40
sT 40=

sTsyn 8= =

On the other hand, if sTsyn 16= , the two systems 
desynchronize their motion about 150 seconds after the initial 

synchronization pulse is applied. Then, in order to achieve 
continuous synchronization, a suitable value for the driving 
si

be found only after consistent initial simulation 
experiments. 
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The principle of economic coupling if often aimed in 
practical chaotic synchronization tasks. The two main aspects 
of this concept – a one-variable coupling scheme and a non-
continuous coupling between the systems, subjected to 
synchronization, can be applied simultaneo

ample with the Hoff hyperchaotic system.  
First, by applying the combined synchronization approach, 

the most suitable one-variable synchronization scheme for the 
particular case is selected. Usually, this is the variant with the 
fastest synchronization in terms of the possible application for 
designing a chaotic communication system, where the ability 
of the chaotic systems in the transmitter and in the receiver to 
synchronize swiftly if very important. The combined 
synchronization method offers a vast number of possible 
combinations for the systems’ coupling, so after some initial 
research

und. 
Second, by applying the principle of impermanent coupling, 

one can synchronize two chaotic systems only with short 
synchronization pulses. There is no need to maintain the 
systems continuously connecte
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Probability Stability and Monte Carlo Method 
Bratislav Dankovic1, Bojana M. Zlatkovic2 and Biljana Samardzic3 

 
Abstract – The method for the probability stability estimation 

of systems with randomly chosen parameters is presented in this 
paper. This method is simple, effective and can be applied in 
practice. The presented method provides the choice of those 
parameters for which the system has the maximum probability 
stability. In this paper Monte Carlo method was used to confirm 
the results obtained by the presented method for the probability 
stability estimation. The computational results are shown in 
tables. 
 

Keywords – Probability stability, Random parameter, 
Imperfect systems, Monte Carlo method. 

I. INTRODUCTION 

 Many systems with random parameters can be found in 
process industry, chemical industry, industry of plastic 
materials, the rubber industry, etc. Since the values of the 
stochastic parameters differ from wanted ones, the system can 
not work properly. These systems are known as imperfect 
systems and it is important to estimate the influence of 
parameters on the system performances in advance. This 
estimation is very important for the system stability, the 
quality of system work and the reliability of the system. 
 The well – known fact is that the stability of the system is 
determined by the value of the system parameters. If the 
parameters have constant values, the system is stable or 
nonstable depending on parameters values. If the parameters 
are stochastic, the system is stable with some probability 
called probability stability. 
 The basic methods for the probability stability estimation 
are given in [1-4]. These methods relate to the continuous 
systems. In [5] the method for the probability stability 
estimation of discrete systems with random parameters is 
presented. Some theorems from theory of random processes 
[6] and the basic condition for the discrete system stability, 
[7], are used. Also, the stability analysis for imperfect systems 
is given in [8]. 
 In this paper the randomly chosen and time invariable 
parameters are considered only. This must be pointed up, 
because the parameters values can be randomly changed in 
time, also, under the influence of different factors, but this is 
not the matter of the research in this paper. 
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 The big importance of the presented method is in it 
application in practice. The selection of the adequate 
parameters values, for which the system has the largest 
probability stability, provides the stability of the system and 
correctness of system work. This method can be applied for 
different distributions of parameters such as uniform, normal, 
exponential, Poisson distribution and for the arbitrary order 
systems. 
 Monte Carlo method, [9], was used in this paper to confirm 
the results obtained by the presented method for the 
probability stability estimation. The results obtained by Monte 
Carlo method coincide with results obtained by the method for 
the probability stability estimation. The experiments were 
performed for the second and the third order systems with 
exponential and normal probability distribution of parameters. 
Monte Carlo method gives almost identical results like the 
method for the probability stability estimation. For the higher 
order systems and for the other probability distributions of 
parameters, Monte Carlo method provides very good results, 
also. 

II. THE PROBABILITY STABILITY ESTIMATION 
OF THE LINEAR SYSTEM  

 Let the discrete system is given by: 
 

  (1) ( ) ( ) 1, 0
0

==∑ −+
=

lkuinkxl
n

i
i

 
where  are random variables with probability distribution 
densities 

il
( )ii lp . It is necessary to determinate the probability 

stability of the roots of equation (1). 
 First, the stability region of the equation (1) in the 
parametric space is determinated. The characteristic 
polynomial of the equation (1) is: 
 
  (2) 01

1 =+++ −
n

nn lzlz L

 
 The necessary and sufficient condition for the stability of 
the difference equation roots is that all zeros of its 
characteristic polynomial are located inside the unit circle in 
the z – plane. 
 To test this condition the bilinear transformation method is 
used and the inside of the unit circle is mapped into the left 
half of the complex plane. Applying the Hurwitz criterion, the 
stability region, , of difference equation (1) is obtained. nS
 The system (1) is stable if all zeroes of the characteristic 
equation (2) are in the left half of the s –plane. The necessary 
and sufficient condition for the stability of system (1) is that 
all diagonal minors  of Hurwitz matrix : iD D
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are greater than zero, i.e.: 
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 The stability region is obtained in the parametric space 
using the nonlinearities (4). 
 If parameters of the systems are independent variables, 
then the total density distribution is given by: 
 

  (5) ( ) ∏=
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n
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iin lpllp
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 The probability stability of the system (1) is: 
 
  (6) ( ) nn
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where  is the stability region. nS
 For the first order discrete system the stability region, , 
is given by the: 

1S

 
  11 1 <<− l  (7) 
 
 For the second order discrete system the stability region, 

, in the parametric space  is given by: 2S 21, ll
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 The stability region  is given on Fig.1 where  
presents the unstably region. 
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Fig.1. The stability region  of the second order discrete system 2S

 In the case of the second order discrete system, the stability 
region is the triangle.  
 For the third order discrete system the stability region is 
obtained in the same way as at the second order discrete 
system and is given by the following relations: 
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 This stability region is given on Fig.2. 
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Fig.2. The stability region  of the third order discrete system 3S
 
 For the n – th order system the region of stability is 
determinated using the relations (4), also. However, the 
calculation is too complex. The limits of the stability region 
are usually complex mathematical relations and is difficult to 
determinate the probability stability because it is necessary to 
integrate by the region of stability. Because of that is 
important to estimate the probability stability for the higher 
order systems for practical applications. For the probability 
stability estimation next theorems can be applied effectively. 
 
Theorem 1. The stability region, , of difference equation 

(1) belongs to the region 
nS

nP  (hyper parallelepiped) given by: 
 

  ⎟⎟
⎠

⎞
⎜⎜
⎝

⎛
≤

i
n

li  (10) 

 The stability region is limited above by the region nP  in 
the parametric plane, nn PS ∈ .  
 
Theorem 2. The stability region, , of difference equation 
(1) comprises the region 

nS

nP  (simplex polyhedron) given by: 
 
  121 ≤+++ nlll L  (11) 
 
 The stability region is limited lower by the region nP , 

nn SP ∈ . 
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 The proofs of these theorems are given in [5]. According to 
the theorems, the probability stability can be estimated in the 
following way: 
 

( ) ( ) n
P

nn
P

n dldlllpPdldlllp
nn

LKLLKL 1111 ,,,, ∫∫ ∫∫∫ ∫ <<  

ie.: 
  

nn PP PPP <<  (12) 
 
where 

nPP  is the probability that the stability region lies 

inside the region nP  and 
nPP  is the probability that the 

stability region lies inside the region nP . 
 Using these theorems, for the different types of parameters 
distributions, different formulas for the probability stability 
estimation are obtained, [5]. Using these formulas, the 
probability stability of the arbitrary order systems can be 
estimated. For the first, the second and the third order systems 
the probability stability can be calculated precisely, but for the 
higher order systems the estimation is performed using 
mentioned formulas. 

III. THE PROBABILITY STABILITY CALCULATION 
USING MONTE CARLO METHOD  

 Monte Carlo method can be defined as statistical method, 
where statistical simulation is defined to be any method that 
utilizes sequences of random numbers to perform the 
simulation. Monte Carlo method gives approximate solution 
of different types of problems by performing statistical 
sampling experiments. This method can provide an 
approximate solution quickly and with the high level of 
accuracy, because the more simulation is performed, the more 
accurate approximation is obtained. Since this method gives 
only an approximate solution, the analysis of the 
approximation error is a major factor to take into account.  
 In this paper, Monte Carlo method is used to confirm the 
results obtained by the method for the probability stability 
estimation given in previous section. Monte Carlo method 
gives almost identical results like the method for the 
probability stability estimation.  
 The experiments were performed for the second and the 
third order systems with exponential and normal probability 
distribution of parameters. The random number generator was 
used to generate the values of the parameters with exponential 
and normal distribution. The experiment was performed on 
the 100.000 samples. The results are given in tables. 
Probabilities 

nPP , and 
nsP

nPP  are obtained by the method 
for the probability stability estimation, and the probability of 
system stability, P , is calculated using the Monte Carlo 
method. The probabilities  and 

nsP P  have almost identical 
values and results correspond to the relation (12) which is the 
verification of correctness of proposed method for the 
probability stability estimation. The calculation of the 
probability stability using Monte Carlo method is much easier 
because there is no need to integrate by the region of stability, 

only the limits of stability region are required.-The probability 
stability is calculated as the quotient of the number of samples 
that belong to the region of stability and the number of all 

scanned samples. By samples we consider the values of 
system parameters. For the higher order systems and for the 
other probability distributions of parameters, Monte Carlo 
method provides very good results, also. 
 

TABLE I 
THE RESULTS OBTAINED FOR THE EXPONENTIAL DISTRIBUTION 

OF PARAMETERS FOR THE SECOND ORDER SYSTEM, 1, 2i =  
 

il  0.1 0.5 0.8 1 1.5 2 

2
PP  0.98657 0.3995 0.2159 0.1548 0.081 0.048 

P  0.9999 0.7987 0.5806 0.4707 0.297 0.202 

2SP  0.9999 0.7982 0.5820 0.4730 0.2994 0.201 

2PP  0.99995 0.8488 0.6549 0.5465 0.3604 0.248 

 
TABLE II 

THE RESULTS OBTAINED FOR THE EXPONENTIAL DISTRIBUTION 
OF PARAMETERS FOR THE THIRD ORDER SYSTEM, 1, 2,3i =  

 
il  0.1 0.5 0.8 1 1.5 2 

3PP  0.23 0.1152 0.0395 0.0227 0.008 0.0036 

P  0.9997 0.5932 0.3356 0.2355 0.1123 0.0606 

3SP  0.9997 0.6115 0.3477 0.2462 0.1187 0.0644 

3PP  0.99995 0.8603 0.6803 0.5707 0.3662 0.2374 

 
TABLE III 

THE RESULTS OBTAINED FOR THE NORMAL DISTRIBUTION OF 
PARAMETERS FOR THE SECOND ORDER SYSTEM, 1, 2i =  

 
il  0.2 0.3 0.4 0.4 0.6 

iσ  0.1 0.2 0.2 0.3 0.4 

2
PP  0.9973 0.7078 0.4781 0.3959 0.1586 

P  1 0.9994 0.9984 0.9686 0.8063 

2SP  1 0.9995 0.9984 0.9680 0.8027 

2PP  1 0.9997 0.9986 0.9772 0.8411 

 
TABLE IV 

THE RESULTS OBTAINED FOR THE NORMAL DISTRIBUTION OF 
PARAMETERS FOR THE THIRD ORDER SYSTEM, 1, 2,3i =  

 
il  0.2 0.3 0.4 0.4 0.6 

iσ  0.1 0.2 0.2 0.3 0.4 

3PP  0.7505 0.1807 0.0503 0.0663 0.0142 

P  1 0.9739 0.9433 0.7919 0.4714 

3SP  1 0.9735 0.9426 0.7937 0.4714 

3PP  1 0.9997 0.9986 0.9772 0.8413 
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IV. CONCLUSION 

 The method presented in this paper enables the probability 
stability estimation of systems with randomly chosen 
parameters. For systems with more random parameters and for 
systems for which the limits of the stability region in 
parametric space can be hardly approximated by linear 
functions, probability stability calculation is too complex and 
the probability stability estimation is required. Using this 
method is possibly to choose such values of parameters for 
which the system has the largest probability stability. The 
validity of the proposed method is approved by the well – 
known Monte Carlo method. The results obtained by both 
methods are almost identical and given in tables. 
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An Experimental Setup for Studying Sampling and Signal 
Reconstruction Process 

Milica B. Naumović1 and Branislav Petrović2  

 Abstract – This paper is devoted to the signal sampling and 
reconstruction processes in the sampled-data control systems. 
Some phenomena that have been discussed in the literature only 
by several authors are experimentally verified. 

 Keywords – Sampling process, signal reconstruction 
process, zero-order hold device, frequency response, 
sampled-data control systems. 

I.  INTRODUCTION 

 The purpose of the present paper is primarily pedagogical. 
Exercises with laboratory experiments in teaching of digital 
control require a model of sampling and signal reconstruction 
process. The mathematical models that give the relationships 
between the continuous-time signals in a sampled-data control 
system are well-known in the literature. Namely, in sampled-
data control, hold circuits are used to convert the discrete-time 
signals from digital compensators into the continuous-time 
signals to be applied to the continuous-time objects. Hold 
circuits can be viewed also as filters which attenuate the high 
frequency alias spectra generated by sampling continuous-
time signals. Recall, that both zero-order hold (ZOH) and 
first-order hold (FOH) are typical hold circuits. In industrial 
applications, however, the zero-order hold seems to be 
particularly popular although the use of the first-order hold 
leads into reduction of the response intersample ripple. The 
primary reason for this is that a zero-order hold can be 
implemented quite easily by using the function of D/A 
converters, while a first-order hold can be implemented only 
with the aid of some additional analog circuits. Another 
reason might be that, when viewed as continuous-time filters, 
the phase lag of a first-order hold for high-frequency ranges is 
greater than that of a zero-order hold, which seems to be a 
disadvantage from the point of view of closed-loop stability.  
 The aim of this paper is to give more insight into the 
sampling and reconstruction processes. For this purpose, a 
sample-and-zero-order hold experiment model is implemented 
using the standard analogue and digital integrated circuits. 
Some results based on the frequency responses are discussed 
and serve for verification of the theoretical consideration that 
can be found in the literature [1]-[4]. 

II. LABORATORY SETUP 

 This paper deals with an experiment for testing and 
describing some phenomena occur during the signal sampling 
and reconstruction processes. As it is shown in Fig. 1a, the 
experimental setup consists of several functional elements as 
follows:  
1. Model of sample-and-zero-order hold process, 2. Power 
supply Iskra MA 4170, 3. Function generator Iskra MA 3732, 
4. Теktrоnix ТDS 1002 Digital Storage Oscilloscope, and     
5. HP 3042A Automatic Network Analyzer. 
 

 
                                         a. 

 

                                                                               b.      

Fig. 1.  Laboratory setup: 
a. The photograph;  b. The block diagram of the idealized model of 

the sample-and-zero-order hold circuit 
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 The boxed photograph in Fig. 1a  is a close-up of the top 
of the evaluation board, based on a low-cost single monolithic 
chip . This sample-and-hold circuit consists of a high 
performance operational amplifier, a low leakage analog 
switch and a JFET integrating amplifier. An external holding 

AD582
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capacitor, connected to the circuit, completes the sample-and-
zero-order hold function [5]. Notice that convenient sockets 
on the front panel of the model, made at the Department of 
Automatic Control [6], [7], allow us to quickly bring all input 
and output signals.  
 HP 3042A Network Analyzer is designed in the mid 1980s 
to meet the demand for precise and fast characterization of 
both active and passive linear two-port devices. It is a 
powerful bench system that makes digital amplitude, phase 
and group delay response measurements over a to 

frequency range. 
Hz50

MHz13

III. TIME-DOMAIN ANALYSIS 

 Recall that the linear behavior of the hold circuit may be 
modeled as it is shown in Fig. 1b. We must emphasize that the 
signal ( )f t∗ in Fig. 1b is not expected to represent a physical 
signal in the hold circuit, but is introduced to allow us to 
obtain a transfer function model of the zero-order hold (ZOH) 
operation and to make an appropriate input-output model of 
the hold action. Namely, from the impulse-modulation model 
the sampled representation ( )f t∗  of the input continuous-
time signal ( )f t  follows 

 ( ) ( ) ( )f t f t i t∗ = . (1) 

The carrier signal is given in the form of the unit impulse train 

 ,  (2) ( ) ( )
k

i t t kT
∞

=−∞
= δ −∑

where  is a delta function.  ( )tδ

 

Fig. 2.  Waveforms ( )f t  and ho ( )f t ;  horizontal scale is 

0.5 ms div , vertical scale is 5V  div
 The idealized model of a sample-and-hold circuit is 
obtained by combining a sampler, described by using impulse 
modulation (1)-(2), with a zero-order-hold circuit given by 
transfer function  

 ho
1 e( )

sT
G s

s

−−=  . (3) 

 Fig. 2 visualizes output of the sampler/zero-order hold 
ho ( )f t  for a sinusoidal input ( )f t . Thus, in the case of a 

(relative low) sampling frequency of 5 samples per cycle of 
the input sine wave, the ZOH output is a piecewise constant 
waveform is shown in Fig. 2.     

IV.  FREQUENCY-DOMAIN ANALYSIS 

 Sampling and signal reconstruction processes may also be 
considered in the frequency domain as follows.  
 Assume that a sinusoidal signal 

  (4) ( ) ( )( ) sin e j tf t t ω +ϕ⎡= ω + ϕ = ⎣Im ⎤
⎦

is applied to the input of sample-and-hold circuit, shown in 
Fig. 1b. Notice that the sine wave used during the 
experimentation is imperfect with frequency content as shown 
in Fig. 3. The spectrum of the sinusoid has components not 
only at the fundamental frequency but also at other 
frequencies.  
 

 

Fig. 3.  Frequency spectrum of the periodic input signal ( )f t  
[5V div]  with sweep rate of 1.5  per division (second) kHz

 
 The Fourier series representation of the periodic unit 
impulse train (2) is  

 ( )
1

1 1( ) e 1 2 cossjk t
s

k k
i t k t

T T

∞ ∞
ω

=−∞ =

⎧ ⎫⎪ ⎪= = +⎨ ⎬
⎪ ⎪⎩ ⎭

∑ ∑ ω , (5) 

where  is the sampling period and T 2s Tω = π  is the 
corresponding sampling frequency in radians per second. 
Series expansion of the output of the sampler  then 
becomes 

( )f t∗
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1

1

1( ) sin( ) 2 cos sin( )

1 sin( ) sin( ) sin( )
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T
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T

∞
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=

∞
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⎧ ⎫⎪ ⎪= ω + ϕ + ω ω + ϕ⎨ ⎬
⎪ ⎪⎩ ⎭

⎧ ⎫⎪ ⎪= ω + ϕ + ω + ω + ϕ − ω − ω − ϕ⎡ ⎤⎨ ⎬⎣ ⎦
⎪ ⎪⎩ ⎭

∑

∑
  (6) 

 The signal ( )f t∗  has a component with the frequency  
of the input signal multiplied by 

ω
1 T . This signal also has 

components corresponding to the sidebands . It is 
customary to consider only positive frequencies. The 
frequency content of the sample-and-zero-order hold device 
output 

skω ± ω

ho ( )f t  with the phenomenon of aliasing is given in 
Fig. 4. Thus, the output signal ho ( )f t  has components with 
the fundamental frequency  and the sidebands . 
The sampling is a linear operation, but it is not a time 
invariant process and some new frequencies are created. The 

fundamental alias for a frequency 

ω skω ± ω

1 2
sω

ω > , where 
2
sω

 is the 

Nyquist frequency, is given by [1], [7] 

 ( )a 1 mod
2 2
s s

s
ω⎛ ⎞ω = ω + ω −⎜ ⎟

⎝ ⎠

ω
. (7) 

 It is well-known that to avoid aliasing, we must either 
choose the sampling frequency high enough with regard to the 
sampling theorem, or use a prefilter ahead of the sampler to 
reshape the frequency spectrum of the signal before it is 
sampled. 
 

 

Fig. 4.  Frequency content of the output signal ho ( ) [5V div]f t  
with sweep rate of 1.5  per division (second) kHz

 
 Thus, the output signal ho ( )f t  of the sample-and-hold 
circuit, shown in Fig. 1b is obtained by linear filtering of the 
signal ( )f t∗ with a system having the transfer function (3). 
To obtain the frequency responses (magnitude and phase) of 
the zero-order hold, consider the following expressions: 

 h0
2( ) sinc

s s
G j

⎛ ⎞π ωω = π⎜ω ω⎝ ⎠
⎟  (8) 

and 

h0
0 sin( ) 0arg ( )     ,     sin( ) 0

s
ss

G j πω ω ≥ω ⎧ω = −π + θ θ = ⎨π πω ω <ω ⎩
. (9) 

  
 Plots of the magnitude and phase of the sample-and-zero-
order hold circuit are shown in Fig. 5. Notice that the 
measured frequency responses, given in Fig. 5, fit the 
amplitude and phase of given by (8) and (9) well, 
but some additional explanations are necessary. 

h0 ( )G jω

   

 

Fig. 5. Magnitude h0 ( j ) [20 dB div]G f  and phase 

h0 [180 10 V]arg ( j )G f o

kHz
 frequency responses of zero-order hold 

device in a single sweep of 1.5  per division (second) 
 

 Recall that if the input signal is a sine wave with 
frequency  given by (4), the output signal ω ho ( )f t  has 
components with the fundamental frequency ω  and the 
sidebands ,  .  skω ± ω 1,2,k = K

 Consider first the case where 
2
sk

ω
ω ≠ , 

2
sω

 is the 

Nyquist frequency. The fundamental component of the output 
is 

 ( )
h0 h0

1( ) ( )e j tf t G j
T

ω +ϕ⎡ ⎤= ω⎣ ⎦Im . (10) 

 Now let frequency be 
2
sk

ω
ω = . The frequency of one of 

the sidebands  coincides with the fundamental 
frequency . Thus, two terms contribute to the component 
with frequency ω  and for , based on the principle of 
superposition, the component is 

skω − ω
ω

1k =

 { }0 ( )
h0 h0 h0

1( ) ( )e ( ) ej t j tf t G j G j
T

ω +ϕ ω −ϕ= ω − ωIm ( ) . 

  (11) 
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Applying some trigonometric rules, we find   

 

( ){ }0 2 (
h0 h0

j
( )2

h0

1( ) 1 e ( ) e

1 2e sin ( ) e .

j j t

j t

f t G j
T

G j
T

− ϕ ω +ϕ

π⎛ ⎞−ϕ⎜ ⎟ ω +ϕ⎝ ⎠

= − ω

⎧ ⎫
⎪ ⎪= ϕ ω⎨ ⎬
⎪ ⎪
⎩ ⎭

Im

Im

)

 

  (12) 

  It is well-known that the steady-state response of a linear 
system to a sinusoid of unit amplitude and frequency ω  is the 
sinusoid of the same frequency as the input signal, but of 
different amplitude and phase. We see immediately that the 
transmission of the fundamental frequency ω  is characterized 
by [1] 

Fig. 6.  Schematic diagram of a closed-loop computer-controlled 
system 

 

h0
0
h0 ( )

2h0

1 ( )
2( ) 1,2,

2 ( )e sin
2

s

j s

G j k
TG j k

G j k
T

π−ϕ

ω⎧ ω ω ≠⎪⎪ω = =⎨ ω⎪ ω ϕ ω =⎪⎩

K

  (13) 

several authors. In order to support learning of automatic 
control at the Faculty of Electronic Engineering, University of 
Niš, a web-based laboratory was established [8]. The paper 
presents some initial outcomes in order to stimulate future 
research in connection with creating a laboratory environment 
for remote monitoring of sample-and-hold experiment model. 

 From the previous consideration one main conclusion can 
be drawn. It is the fact that the signal transmission at the 
Nyquist frequency critical depends on ϕ , i.e., how the 
sinusoidal input signal is synchronized with respect to the 
sampling instants. Note, that this phenomenon has been 
observed and discussed only by several authors of the 
textbooks in the context of digital control systems, such as [1] 
and [2]. The effect of the unsynchronization between input 
and clock signals during the experimentation is visualized in 
Fig. 5 by the appearance of impulses at 2skω ,  .  1, 2,k = K
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Hardware Implementation of a Space Vector PWM 
Technique Using SystemC and VHDL Autocoding 
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Abstract – This paper deals with application of SystemC 
language for modeling and implementation of pulse-width 
modulation technique, wide used  in vector control of 
standard AC drives. Software implementation of 
SVPWM require much  of processor's time which is necessary 
for real time execution of complete control structure. This paper 
considers possibility of SVPWM hardware acceleration. 
Hardware equivalent of SVPWM modulator was developed 
based on SystemC model and using SystemCrafter SC tool for 
automatic VHDL code generation. 

Keywords – SystemC, VHDL Autocoding, Space Vector PWM, 
hardware implementation.  

I. INTRODUCTION 

 Nowadays, the main quailty of general motor drives for 
house appliance is observed through economic aspects. 
Market competition is now very strong, with frequently 
changes in standards and requirements, which lead to time-to-
market reduction. The main part of the production price 
represents development costs, particularly for software. The 
size and requirements of algorithms that have been 
implemented in embedded control units has increased 
dramatically. Programming control units in standard 
languages, such are assembler and C, is not acceptable 
anymore. More flexible approach is required, as modeling on 
high level abstraction. It is recommended to separate hardware 
and software components on this level. Due to high price of 
software development, the aim is to implement part of the 
algorithm into the cheaper hardware. Already in start, 
software development is delayed expecting newer, cheaper 
and more reliable hardware, as with slow communication 
between software and hardware engineers. Hardware-software 
codesign represents useful technique for product acceleration 
[1, 3]. In this case a software and hardware engineers works 
on the same development tool. 
 SystemC language represents modeling tool for 
hardware-software codesign. It can simulate the hardware 
and software partitions in the same framework. It consists of a 
set of class libraries for C++ that describes hardware 
constructs and concepts. 
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This means that it could be used to develop cycle-accurate 
models of hardware, software and interfaces, which could be 
simulated and debugged within existing C++ development 
environment [2]. For that reason it allows fast and easy 
verification of complex algorithms. 
 SystemC was originally developed as a system modelling 
and verification tool, but still require manual translation to a 
hardware description language to produce hardware. 
SystemCrafter SC automates this process, by quickly 
synthesizing SystemC to RTL VHDL or Verilog [3]. It will 
also generate a SystemC description of the synthesized circuit, 
which can be used to verify the generated code using existing 
test environment. 
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Fig. 1. Vector control system encapsulated on FPGA circuit.  
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 In this paper, attention is to indicate the advantages of this 
approach on the example in designing a platform for complete 
drive system. The solution anticipates that all numerical 
intensive parts of the code (modulator, coordinate 
transformations, controllers, state and parameters estimators) 
are transferred to hardware by usage of SystemC language and 
SystemCrafter SC autocoding tool (Fig. 1). These steps are 
given on example of space vector pulse-width modulator 
(SVPWM) which is used for control a three-phase inverters in 
order to produce variable sinusoidal output voltage. 

II. SPACE VECTOR PULSE-WIDTH MODULATOR 

 One of the most numericaly extensive part of the code for 
vector control of AC drives is SVPWM. Switching frequency 
is required to be relatively high, above 16 kHz, in order to 
achieve high bandwidth torque control and to minimize noise. 
For that reason there is not enough computing time for 
calculation of complete control task. Usage of hardware 
implemented SVPWM and providing the user proper 
interface, could be solution for this problem. Moreover, 
complete vector control drive system could be translated to a 
hardware component, which would dramatically shortened 
design time. In that case, user could readily evaluate 
performance of vector control without spending development 
effort usually required in the traditional DSP based system. 
 

 
 

Fig. 2. SVPWM module with inputs Vα
 REF i Vβ

 REF. 
 
 It is known that a balanced three-phase set of voltages is 
represented in the stationary reference frame by a space vector 
of constant magnitude, equal to the amplitude of the voltages, 
and rotating with angular speed ω = 2π·fREF [5]. So, space 
vector is represented by two components, named alpha and 
beta. The space vector module can create the PWM switching 
pattern for three-phase inverter using directly the referent 
alpha and beta voltage components, Vα

REF and Vβ
REF (Fig. 2). 

Current control is done in synchronous rotating reference 
frame where sinusoidal AC signals, like Vα and Vβ, became 
DC quantities, known as d and q components [5]. SVPWM 
technique is mostly used for digital current control, giving to 
the linear current regulators full control over the output 
voltage d and q components. These d and q components, 
defined on the current regulators outputs, are transfer back to 
the stationary alpha beta coordinate system and passed thru to 
the space vector modulator. As it could be seen in Fig. 3, the 
eight possible states of an inverter are represented as two null-
vectors (V0, V7) and six active-state vectors forming a hexagon 
(V1-V6). SVPWM approximates the rotating reference vector 
in each switching cycle by switching between the two nearest 
active-state vectors and the null-vectors. The main task of 

space vector modulator is to calculate the needed vector times 
directly from Vα

REF and Vβ
REF. 

 The connection between the Vα
REF and Vβ

REF and needed 
active and zero vector times is easy to be understood looking 
in Fig. 3. Assuming that reference vector VREF is sitting in 
sector k, and that two nearest vectors are Vk and Vk+1, 
following equation can be written: 

1k1kkk
s

REF TVTV
2
TV +++=

vvv
 (1) 

where Tk represents half of the vector Vk on-times in switching 
period Ts.  

 
  Fig. 3. Generation of VREF vector using V1, V2 and zero vector. 

 
Splitting vector equation Eq. (1) into its real and imaginary 
part, and after rearranging it follows: 
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III. SYSTEMC REALIZATION 

 As a language for high level modeling, SystemC supports 
not only first realization of user’s project specification but the 
first functional verification and creation of executable 
description of intended design [4]. It is possible to divide 
complete model in desired number of functional parts. This 
means that designer might refine a module from a high level 
functional specification down to a cycle-accurate RTL model 
while other modules in the system remain at higher level of 
abstraction. Modeling of SVPWM represents this 
methodology. 

SystemC model of SVPWM consists of a two processes. 
These processes execute functions do_pwm_gen() and 
do_svpwm(), concurrently. Test bench generate input stimulus 
for SVPWM module and also record outputs for verification. 
Interface of SVPWM module was shown in Fig. 4. Input ports 
are alpha and beta components of reference vector and clock 
signal for implemented PWM peripheral unit. Output ports are 
driving signals for each transistor of three-phase inverter. It is 
possible to use whichever module's signal for functional 
verification. In this case, test bench observes signal pwm_int. 
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Function do_pwm_gen() is a part of process which 
generates driving signals, and also signal pwm_int needed for 
calling PWM interrupt service routine do_svpwm(), which 
calculate needed duty cycle times. do_pwm_gen() function 
triggers on every clock cycle and increment or decrement 
timer of realized PWM unit. On every PWM timer underflow, 
interrupt pwm_int is generated. Also, do_pwm_gen() 
compares PWM timer and calculated duty cycle times, in 
order to generate output driving signals.  

 

 
 

Fig. 4. SystemC interface of SVPWM module. 
 
Function do_svpwm() use fixed-point arithmetic, known as 

IQ math, to calculate duty cycle times on every rising edge of 
pwm_int signal generated in process described above. First, 
sector number of reference vector is detected and than the 
space vector times are calculated using Eqs. (1) and (2) . In 
contrast to do_pwm_gen(), which is a thread, do_svpwm() is a 
method process. Method process executes all instructions on 
rising edge of pwm_int signal and ensures that all calculations 
are accomplished between two transitions of this signal. 

Test bench consists of a three processes. First, that is a 
thread process sensitive to rising edge of pwm_int which 
supplies input ports v_alpha_ref and v_beta_ref with packets 
of data for verification of the module. For testing, input port 
v_alpha_ref  was an array of predefined values of sinusoidal 
signal. Input port v_beta_ref use the same array but delayed in 
order to represent cosine function (Fig. 5). Supplying inputs 
v_alpha_ref and v_beta_ref in this manner can lead to 

understandable results, by monitoring calculated duty cycle 
times. 

 
 

Fig. 5. Part of test bench program for supplying inputs.  
 

 
Fig. 6. Conection between SVPWM module and test bench. 

 
Second and third processes are method type. One prints 

outputs on standard monitor, while second writes them to a 
file (Fig. 6). Usage of these accessories is allowed including 
the fstream C++ header in the project. Processes can monitor 
not only output ports, but all signals inside the SVPWM 
module. For example, in interface for SVPWM module (Fig. 
6), there are three duty cycle signals named pwm_val_a, 
pwm_val_b, and pwm_val_c which are compared with PWM 
timer and generate output driving signals. These signals are 
not ports, but their monitoring can help in the module 
verification. 

IV. AUTOCODING 

 After verification in SystemC, SVPWM module can be 
translated to hardware description language such are VHDL 
or Verilog. Whole process of translating SystemC model to 
hardware requires skilled engineers with experiences in both 
design methodology, but this request is rarely satisfied at the 
moment. This is a main reason for appliance of autocoding 
approach. One of the tools available on the market for 
automatic translation is SystemCrafter SC. 
 SystemCrafter SC automatically synthesizes hardware 
designs written in SystemC to HDL. The HDL can then be 
used with commonly available tools to target Xilinx FPGAs. 
This enables engineers and programmers to design, debug and 
simulate hardware and systems using their existing C++ 
development environment. The result is improved 
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productivity and very fast simulations, plus all the benefits of 
using their existing VHDL or Verilog design flow. 
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In Fig. 7., a place of the SystemCrafter tool in complete 
designing process, is shown. Interface in Fig 4. of SVPWM 
includes macro SC_SYNTHESIS used to distinguish  between 
standard SystemC and SystemCrafter compilation. As it is a 
new tool on the market, SystemCrafter do not support all 
aspects of SystemC modeling. For example, it is impossible to 
initialize array after defining. It is allowed to initialize each 
member of an array, individually. Dealing with inout ports is 
not implemented yet. After refining SystemC model of 
SVPWM, according to these limitations, SystemCrafter model 
was attained. Gate level model generated by SystemCrafter 
with the same test bench provided the same results, which was 
proof of successful translation. SystemCrafter also generates 
VHDL files, ready for FPGA implementation. Every process 
from SystemC model was translated into one VHDL file. 
These files are encapsulated into the main VHDL file also 
generated by SystemCrafter. Together with library file 
craftgatelibrary.h, included in SystemCrafter installation, 
these files represents hardware implementation of SVPWM 
module. 

Fig. 8. v_alpha_ref and v_beta_ref inputs. 
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Fig. 9. SVPWM duty cycle times for two output phases. 

VI. CONCLUSION 

Fast growing of circuit compexity leads to larger usage 
tools for automatic design. This example shows that future 
design methodology moves through precise defined steps. 
These steps are: 

 

 

• Development of initial SystemC description. 
• Writing a test bench. 
• Debuging and verification of description. 
• Refinement to more efficient hardware. 
• Experimentation with trade-offs. 
• Verification of the refined description. 
• Usage of autocoding tool. 
• Verification of the synthesized hardware. 

 This paper describes and verifies above steps on the 
example of hardware implemented SVPWM modulator used 
in control of three-phase AC drives. In this case, SystemC has 
approved as excellent enviroment for testing complex 
algorithms and that together with VHDL autocoder 
SystemCrafter represents powerful tool for high level 
abstraction. Next step, would be testing of generated code on 
real FPGA platform, which would show true power of used 
tools. 

Fig. 7. Using SystemCrafter SC tool for VHDL autocoding. 

V. RESULTS 

In Figs. 8 and 9, results of the test are shown. Input ports 
v_alpha_ref and v_beta_ref are associated with sine and 
cosine functions of magnitude |VREF| = 16384, which 
represents normalized value of 0.5 p.u. Period of clock signal 
for incrementing/decrementing PWM timer was 20 ns. For 
that reason, period register in PWM unit is initialized to a 
value of 1250, in order to achieve switching frequency of 20 
kHz. Sine and cosine look-up tables had 400 values, so with 
PWM frequency of 20 kHz, desired frequency of output was 
50 Hz. 
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IR Thermographic Survey to Control-points 
Determination 

Valentin H. Videkov1, Anna V.Andonova1 and Ventzislav D. Manoev2 

Abstract – One approach of the control points for temperature 
sensors determination by infrared camera is examined. It is 
important to be fixed the places of control points in a storehouse 
with different temperature gradients in its regions. An effective 
method in such case is a snapshot making of the storehouse 
thermic mappings. Some results of control points fixing from a 
kitchen room, refrigeration camera located next to the examined 
premises, inside and outside wall for the storehouse with border 
gradients are presented. The measurements are done for empty 
and incomplete filled storehouse. 

 
Keywords – Heat transfer, Thermal management, Infrared 

camera, Thermography, Nondestructive testing 

I. INTRODUCTION 

In many technical problems it is important to inspect the 
temperature in definite points. These points can spread in 
different locations and temperature ranges [1]. Used technical 
instruments can also be quite different depending on the type 
of object, temperature range or measurement method. The 
measurement method and accuracy as well as the optimal 
location is important to be available an authoritative 
temperature pictures in certain surroundings 

On the other hand ISO 9000 procedure accepting requires a 
traceable process included condition in safe-keeping. In such 
aspect the question of control point optimal location is 
actually for temperature measurement in storehouse rooms. 

It is necessary the temperature of some points in a 
storehouse to be measured giving information for temperature 
distribution when the storehouse borders on others premises 
have got diverse temperatures. 

The boundary conditions just like the border wall 
parameters have to be known during analytical detection the 
temperature of specific points. This requirement is no always 
executed, especially for premises reconstructed on old walls. 
Applying the experimental method is felicitous for such 
situations.  

The measurement method requires utilizing the same 
measurement methods for the check-points and the applied 
control. That in many cases is expensive process especially 
for huge storehouses. A distance measurement of temperature 
field by infrared (IR) camera is the possible alternative 
solution. 

Additionally to traditional temperature sensors, which 

supply product information only for local points, an infrared 
imaging camera is applied to record a general view over local 
differences of surface temperatures in the storage good. The 
project objective is to investigate to which extent an improved 
climate control can be obtained by application of 
thermography. 

II. PRINCIPLE  OF DISTANCE THERMAL 
MEASUREMENT 

A. Approach 

There are three approaches for check-points mapping: 
 - analytical solution; 
- expert decision; 
- by measurement. 
A combination of these methods may also be utilized.  
Using some of commercial software for thermal analysis 

(for example ANSYS, FLOTHERM, COMSOL etc) we can 
find analytically the places of check-points [2].  

B.Measurements  

The plan of the investigated storehouse with surroundings is 
presented on Fig.1, from where it can be send the boundary 
conditions and premises. The areas with different 
temperatures for different regimes of air-conditioning are 
clear distinguished. Depending on convection in storehouse 
some temperature differences in the shelves with goods are 
observed (see Fig.2). 

Measurements for the specific condition of ambient 
temperature and different levels of filled storehouse are 
performed by an IR camera of FLIR Systems, which has  
640x480 pixels FPA.  

Examined storehouse for minimal power of air-conditioning 
and empty premises can be seen on the Fig.3. 
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Fig.1. Storehouse with indoor temperature of 100C 
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Fig.2. Temperature gradient indoor of the storehouse 
 
Snapshots of the different walls conditions are made and the 

IR images are analyzed. The air-conditioning process was 
investigated, too. The air streams were successfully 
discovered by the thermovision camera as is shown in Fig.4. 

After detecting the thermic mappings of the storehouse by 
IR camera some control measurements on discrete points were 
accomplished by calibrated thermometer with accuracy of 
0,10C.  

  
Fig.3. Temperature field in the empty storehouse 

 

 
Fig. 4. A thermograph of air streams when air-conditioning is 

mounted on the ceiling 

It must report that thermovision camera could not be 
effectively use in high dynamic of filled storehouse and deep 
shelves.  

After thermovision inspection a control system is introduce 
into this storehouse. The scheme of the sensor control system 
is shown on Fig.5. 

 

 
Fig. 5.Scheme of the sensor control syste 

III. CONCLUSION 

IR thermography cameras can be used for a wide array of 
energy audit which is ideal for missing insulation, mold 
detection, storehouse inspection etc. Visible thermic mappings 
of temperatures received and after that check-point for 
discrete measurements were very fast discovered. Critical 
points and thermal isolation effectiveness were determined. 
Collected results manifest that the next-door kitchen and 
freezing rooms exercise influence practically alike on 
storehouse temperature. The last is a good characteristic for 
the thermo isolation quality. 

The mapping of air stream from the air-conditioner allow 
optimal disposition for check-point thereby temperature of air-
conditioner as itself storehouse are available. 

The effectiveness of applying IR thermography permits the 
inspection to be accomplished in the range of one hour, while 
the old inspection method was required time of 3 - 4 hours 
and by using of 4 - 5 sensors.  

An infrared  imaging camera acquires a view of wide area 
of the storehouse and shows such a way temperature patterns 
and local temperature differences at the stack surfaces. Using 
film sequences, thermal imaging offers the possibility to 
visualise processes like warming up, cooling and airflow 
development in the storehouse. The infrared camera fast 
determines the lowest local temperature differences. 

Thermography opens new possibilities to visualise and 
evaluate climate control processes. Furthermore, application 
of thermography allows verifying model calculations more 
exactly. In this way, optimising of traditional climate control 
is possible  

However, thermography is only one of several analytic 
methods. Additionally, the interpretation of infrared images 
requires special experiences. To make adjustment to the 
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temperature values, measured by thermal imaging, is essential 
for a correct quantitative temperature recording. 
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Thermocontrol System for Refrigeration Camera 
V. Videkov1, V. Manoev2, S. Tabakov3, M. Manoeva4, C. Lazarov5 

 
Abstract – The paper presents development methodology and 

results of 1 year exploitation of a control and back up system for 
a cold store thermo gram. In case of dynamic cooling off the 
premises by forced circulation of airflow it is necessary to 
carefully allocate the control sensors. After the thermo-points are 
determined they are arranged in specific housing and connected 
to controller. The reading times for premises thermo- profile 
display are optimized. After statistic analysis of data, the 
correction procedures in the software are defined. 

Keywords – temperature, control, data analysis  

I. INTRODUCTION 

In many cases the storage in refrigerating cameras requires 
precise temperature control. Concerning some chemical or 
other products storage their temperature range can be 
comparatively narrow. For example, the soldering pastes (1), 
as well as some foodstuffs (2), are stored at low positive 
temperatures. When the refrigerating premises are 
considerably big, it is not enough to rely only on the 
temperature provided by the air-conditioning system, but 
control is necessary too. The last is usually associated with 
data back-up.  

II. TASK 

It is necessary to develop a control system for cold store 
temperature, giving a real picture for the whole space and 
notifying for critical situations.  The data must be displayed 
and recorded. The values should be up to 0.1 ˚С. The 
temperature change range is to be from 4 to 7 ˚С. 

III. APPROACH 

To solve this task it is required to develop a system to 
control the temperature in separate thermo-points, which 
should be selected appropriately. It is also necessary to 
develop a system for measuring the temperature with the 
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adequate precision. In (3)the structure of such system is 
presented as well as the adjustment of the sensors. After 
development of the system and its implementation it is 
required a long term calibration to be carried out. 

IV. SYSTEM STRUCTURE 

The system structure consists of modules, connected by 
information bus and each module includes digital sensors for 
temperature and interface – fig.1. 

 

2 3

4
1

контролер компютър

5

1 1

 
Fig. 1 System block-diagram 

The main element in the system is the digital sensor 2, 
which is a single integrated circuit (smart sensor). Its selection 
is due to the necessity of data transfer from several thermo-
points to a distance. 

Except that sensor the measurement module 1 includes 
buffer 3 and interface 4. All modules along the bus 5 are 
connected to the controller, which does the primary 
processing and transmits the data to a computer, where the 
review and back up are done. It is also possible to visualize 
the data on a controller display. 

A B 

Control thermo-points determination is done by taking the 
thermal picture of the premises and estimating airflows. The 
premises critical points are defined and connected to the 
refrigerator airflow system – fig.2, the walls and the entrance 
of the premises. Crucial is the assessment of the airflow from 
the refrigerator, where the temperature difference is most 
substantial. The circulation of the air current is mainly along 
the ceiling, the back wall and the floor. In the left part on the 
side of the exit the direction change of the flow is at the height 
of 70cm. Having in mind the above the amount of the control 
points (6 in number) and their location are defined. Three of 
the points turned out to be critical concerning the temperature 
and air current – these are the exit of the air conditioner, the 
back wall and the zone of the premises entrance. In order 
receiving optimal data, another – 7th control thermo-point is 
used for measuring the external temperature.  

The sensors are installed in a special double housing 
allowing intensive thermal exchange and at the same time 
defense from mechanical damages during activities in the 
refrigeration camera. In the first housing the electronic 
elements and the outgoing connection are placed. In the 
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second external housing the internal one is placed and the 
connection with the communication network is established – 
fig.3. The volume of the camera is 200 m3. 

 

 
Fig.2 Thermal picture of freezing aggregate. 

 

 
Fig. 3 Temperature sensor – installation and communication channels 

III. RESULT 

At the first configuration of the thermo-points it was 
established considerable external influence, from the 
operation of the air-conditioner and other power systems. The 
dynamic range of changes showed certain incompatibility 
with the physically determinable processes – fig.4. 
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Fig. 4 Sensors data without filtration 

A filtrating function is developed to ensure proper data 
transfer and physical characteristics of the system. In addition 
the sensors are connected in a contour reducing the external 
electrical influences. That allows acquisition of considerably 
more reliable data from each thermo-point. Fig.5 shows part 
of extract for February 1, 2007 after software data check-up, 
and fig. 6 shows a fragment after applying complete control 
according also some physical criteria (December 12, 2007). 
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Fig. 5 Software control of data transfer 

 
The acquisition of reliable data allows not only monitoring 

and recording the temperature of the premises but also to 
analyze other processes with different elaboration and 
function, as the operation of the air-conditioner (regardless of 
its control system), presence of air circulation, influence of 
external temperature, etc. Fig 7 shows a fragment indicating 
opening of external doors and change in the cycle of the 
external sensor.  
 

 
Fig. 7 External temperature change (offsets in one of the sensors 

shown– the external one) 
Part of 6 Aug. 
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Fig. 8 One detail of the operation of two neighboring sensors in short 

term interval 
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That led to introducing the common correlation analysis for 
couple of sensors. When keeping the correlation dependence 
there is “calm” situation in the premises. In case of change 
there is irregular situation. Results from the correlation 
analysis of separate couples of sensors can be seen on fig. 9 

date middle bottom door 
6-21.08       
Average 
temperature 3.898135 4.815219 5.992638
max 5.65 7.04 7.25
min 1.84 0.71 4.65
dispersion 0.86446 0.605429 0.575312
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1.2  
 IV. CONCLUSION 1

 
0.8  A control and back-up data system for cold store 

temperature distribution is developed. For proper operation of 
the system hardware and software precautions of the noise 
influence are applied. Thus the data records can be used in 
short term as well as for long term intervals. The results can 
be used not only for direct temperature assessments, but for 
indirect assessments of premises situation as well. 
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REFERENCE Fig. 9 Correlation links between separate sensors. 
 

In the table below the summarized results for the worst case 
scenario temperature conditions - of high external temperature 
in August 2008, are displayed.  
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Stepping Motor Drive for Precise Positioning  
Applications 

Mikho R. Mikhov1, Panayot S. Nakov2 

 
Abstract – The performance of a hybrid stepping motor drive 

system developed for precise position mechanisms is discussed in 
this paper. Load influence on motion trajectories is shown and 
the respective speed profiles are derived. The drive behavior in 
microstepping operation mode is analyzed. The results obtained 
can be used in the design of such types of positioning drive sys-
tems.  

Keywords – Stepping motor drive, Position control. 

I. INTRODUCTION 

 Stepping motors have a number of advantages, such as: 
position accuracy, wide speed range, simple and robust con-
struction, ability to operate in open-loop drive systems, and 
easy compatibility with microprocessor controllers [1], [2].    
 Hybrid stepping motors combine the best characteristics of 
both variable reluctance and permanent magnet motors. They 
are appropriate in applications requiring small step length and 
high torque within restricted working space.   
 The microstepping control can ensure some following addi-
tional advantages such as: higher position accuracy and reso-
lution, vibrations and noise reduction, as well as elimination 
or simplification of the gearboxes [3], [4], [6].  
 The performance of a hybrid stepping motor drive system 
developed for precise position applications is presented in this 
paper. Load influence on motion trajectories is shown and the 
respective acceleration and deceleration speed profiles are 
derived. The drive system behavior in microstepping control 
mode is analyzed to determine the necessary micro-step 
length in compliance with the desired accuracy.   

II. FEATURES OF THE USED STEPPING MOTOR 

 The magnetic circuit of hybrid stepping motor is excited by 
a combination of windings and permanent magnet. The win-
dings are placed on the stator while the permanent magnet is 
mounted on the rotor. The rotor comprises a pair of laminated 
toothed cylinders as shown in Fig. 1. The teeth on the two 
sections are misaligned with respect to each other by half 
tooth pitch. When the windings are unexcited the magnet flux 
produces a small detent torque, which retains the rotor at the 
step position.  
 The following assumptions have been made [5]: 
 - the magnetic coupling between the phases is neglected, as 
it is slight in hybrid step motors; 
 

 
  1Mikho R. Mikhov is with the Faculty of Automatics, Technical 
University of Sofia, 8 Kliment Ohridski Str., 1797 Sofia, Bulgaria, 
E-mail: mikhov@tu-sofia.bg 
 2Panyot S. Nakov is with the Faculty of Automatics, Technical 
University of Sofia, 8 Kliment Ohridski Str., 1797 Sofia, Bulgaria, 
E-mail: p.nakov@abv.bg 

 - the variation of inductance with position is not taken into 
account because it is negligible for permanent magnet step-
ping motors; 
 - the effect of saturation at high phase currents is ignored. 
The saturation influence reduces in high-speed regions where 
currents are limited because of the back electromotive force 
voltage.  
 The electric and mechanical equations representing the 
used two-phase hybrid stepping motor are as follows: 
 

  ( θω pKRi
d

)
t

di
Lv ta

a
a sin−+= ; (1)  

 

  ( θω pKRi
d

)
t

di
Lv tb

b
b cos++= ; (2)  

 
  ( ) ( )θθ piKpiKT btat cossin +−= ; (3) 
 

  
dt
dθω = ; (4) 

 

  lT
dt
dJT +=
ω , (5) 

 

where:  
  and  are phase voltages;  av bv
  and  – phase currents;  ai bi
 ω  – angular velocity;  
 θ  – rotor position;  
 T  – motor torque;  
  – torque constant;  tK
  – winding resistance;  R
 L  – winding inductance;  
  – number of the rotor teeth;  p
  – total inertia referred to the motor shaft;  J
  – load torque.   lT

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig. 1. The rotor of the 
hybrid step motor. 

 
 The simplified block diagram of the developed position 
drive system is shown in Fig. 2, where the notations are as 
follows: KB – keyboard; C – controller; PC – power conver-
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ter; DP – display; SU – supply unit; SM – hybrid step motor; 
PE – position encoder; L – load applied to the motor shaft.  

III. MOTION TRAJECTORY FORMATION 

 There are two operating regions of the stepping motor, 
namely start/stop and slew ones (fig. 3). They are defined by 
pull-in and pull-out torque curves, respectively. To operate 
the motor at higher speeds, it is necessary to start at a fre-
quency within the first area and then accelerate the motor into 
the second range. When stopping the motor, it must be decel-
erated back into the start/stop region before the clock pulses 
are terminated. Otherwise, synchronization in rotor position-
ing will be lost.   
 

 
 

Fig. 2. Simplified block diagram of the position drive system. 
 

 Acceleration and deceleration of stepping electric drives 
depend on both load torque and total inertia referred to the 
motor shaft. To ensure maximum speed of the position sys-
tem, control should be applied in accordance with the pull-out 
curve.  
 

 
 

Fig. 3. Operating regions of the stepping motor. 
 

 The angular velocity and rotor position can be expressed 
through its mechanical step, as follows:  
 
  fαω = ; (6) 
 
  Nм αθ = , (7) 
 
where:  
 f  is frequency of the clock pulses;  
 N – number of the steps. 
 The mechanical step of the motor used can be determined 
through the next equation: 
 
  p4π2=α  (8) 
   
 Reading Eqs. (6) and (7), to achieve the desired trajectory 

( )θω , the respective  can be programmed. Fig. 4 shows 

such a motion trajectory, during execution of an assigned 
position cycle. The following notations have been used:   – 
reference frequency, corresponding to the desired angular 
velocity;   - reference number of steps, congruent to the 
desired transposition distance. 

( )Nf

rf

rN

 

 
 

Fig. 4. Motion trajectory for a reference position cycle. 
 

  The speed profile has three sectors, namely: 
 - acceleration ( )0/ >dtdf ; 
 - constant speed ( )const== rff ; 
 - deceleration ( )0/ <dtdf .    
 Taking into consideration Eq. (6), Eq. (5) becomes as fol-
lows: 
 

  ( )fTT
dt
dfJ l =+α  (9) 

 
 The acceleration / frequency dependence for the starting 
regime is obtained from Eq. (9): 
 

  ( ) ( ) ( )
αJ

TfTfff
dt
df l

a
a

−
==⎥⎦

⎤
⎢⎣
⎡ & .  (10) 

 
 The stepping rate as a function of time during acceleration 
can be derived after integration of this equation:   
 

  ( ) ( )[ ]a

f

f a
tf

ff
dft →= ∫

0

&  (11) 

  
where  is the initial frequency, from which acceleration 
proceeds.  

0f

 The corresponding relation between the impulse frequency 
and step number can be obtained from the following equation: 
 

  ( ) ( )[ ]a

f

f a
Nfdf

ff
fN →= ∫

0

& . (12) 

 
 Deceleration, as a function of frequency can be determined 
in an analogical way: 
 

  ( ) ( ) ( )
αJ

TfTfff
dt
df l

d
d

+
−==⎥⎦

⎤
⎢⎣
⎡ & , (13) 
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 Applying Eq. (13) for the deceleration process, these rela-
tions have been derived: 
 

   ( ) ( )[ ] d

f

f d
tf

ff
dft

r

→= ∫ & ; (14) 

 

  ( ) ( )[ ] d

f

f d
Nfdf

ff
fN

r

→= ∫ & . (15) 

 
 Motion trajectory formation is carried out in the following 
sequence: 
 1. The pull-out torque curve ( )fT  should be specified ex-
perimentally. 
 2. Next, an appropriate approximation for the obtained 
curve is carried out.  
 3. In compliance with Eqs. (10) and (13) the  and 

 relationships are determined. 
( )ffa

&

( )ffd
&

 4. Through Eqs. (12) and (15) acceleration and deceleration 
profiles  and [  are obtained. [ ]aNf )( ]dNf )(
 5. The respective motion trajectory is programmed for the 
desired position cycle .  ( )Nf

IV. DETERMINATION OF THE MICRO-STEP LENGTH 

 To improve the position accuracy in the developed position 
system microstepping control has been applied. In this operat-
ing mode the full step length is divided electronically into 
small increments of rotor motion: 
 
  nααμ = , (16) 
 

where:  
  is the number of micro-steps;  n
 μα  – the angular displacement of each micro-step. 
 Subdivision of the basic motor step is possible by propor-
tioning the phase currents in the two windings (Fig. 5). Cur-
rent magnitudes vary and the number of current levels de-
pends on the desired micro-step size.  

 

 
 

Fig. 5. Current waveforms in  microstepping operation. 
 

 Air gap flux is proportional to the vector sum of the wind-
ing currents, in the resultant vector direction. To achieve a 
required rotating flux, the phase currents’ magnitudes are 
calculated as follows:  
  

  ( ) ( )μiaINi ia cosrat= ; (17) 
 
  ( ) ( )μiaINi ib sinrat= ,  (18) 
 
where:  
  is the rated phase current;  ratI

  – the number of current levels;  iN
 14 ..., ,2 ,1 ,0 −= ni .   
 

 
 

Fig. 6. Vector diagram for microstepping control.   
 

 The respective current vector diagram is represented in Fig. 
6. The resultant stator current represents the phase currents 
vector sum: 
 

 ( )[ ] ( )[ ] rat
2

rat
2

rat sincos IiIiII =+= μμ αα . (19) 

 
 Eq. (19) shows that the resultant current remains uniform 
and equal to the rated value. Therefore, by correct combina-
tion of phase current levels it is possible to obtain constant 
resultant current and smooth movement of the stepping motor 
shaft. 

For conventional operation modes the equilibrium positions 
are defined by alignment of the stator and rotor teeth and they 
are independent of the current levels. However, the micro-
step positions are critically dependent on current levels in the 
phase windings. Therefore, there is a need for closed-loop 
current control to provide the respective correct phase current 
levels. 
 Tuning of the microprocessor control system is carried out 
in the following sequence: 
  1. The appropriate micro-step μα  is calculated in accor-

dance with the desired position resolution dSΔ : 
 
  gd KSΔαμ ≤ , (20) 
 
where: [m/rad] is the gear coefficient.  gK
 2. The number of micro-steps n  is defined on the basis of 
the μα  value.  
 3. The necessary phase current levels are calculated in 
compliance with Eq. (17) and Eq. (18). 
 4. A respective lookup table for the microstepping mode of 
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operation is compiled.  
 For the case under consideration the parameters are as fol-
lows: 

 

Fig. 9. Position response 
in microstepping opera-
tion mode when one full 
step is divided into 8 sub-
steps.  
 

 - desired position resolution μm 10=dSΔ ;  

 -  gear coefficient . m/rad x106.1mm/rev. 10 -3≈=gK

 - full motor step rad 0314.08.1 ≈°=α ; 
 - number of micro-steps per one full motor step 8=n ; 
 - micro-step rad 00393.08 ≈= αα μ ; 

  - provided position resolution . dp SS ΔΔ <= μm 25.6
Theoretical and experimental research has been carried out 

for two-phase hybrid stepping motors with basic parameters 
as follows:  

 

 

- rated voltage V 5rat =V ;  
- rated phase current A 1rat =I ;  
- number of the rotor teeth ;  50=p
- full motor step °= 8.1α .  
Load influence on motion trajectories has been analyzed 

resulting into derivation of the respective acceleration and 
deceleration speed profiles.     

Investigations on the drive system behavior in microstep-
ping operation mode show, that the applied method for con-
trol allows any sub-step length. However there is a practical 
limit on how small micro-steps can become until the rotor and 
its mechanical load cease to react adequately. Limitations can 
be induced by the following factors: 

 
Fig. 7. Current levels when one full step is divided into 8 sub-steps. 

 
- static friction in the system;   The current levels calculated for obtaining constant motor 

torque are given in Fig. 7. One full electrical step is divided 
into eight micro-steps, and the currents are represented in 
relative units:  

- non-sinusoidal character of the torque versus rotor po-
sition curves;  

- current quantization resolution. 
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  rat
* Iii aa = ; (21) 

 

  rat
* Iii bb = . (22)   

The stepping motor drive system described above improves 
the positioning resolution, reduces shaft vibrations and en-
sures maximum torque at both low and high speeds. It is par-
ticularly suitable for precise applications where the required 
step resolution is higher than that, provided by conventional 
operation modes.    

Fig. 8 shows the position response in full step operation 
mode ( rad 0314.08.1 ≈°=α ), when the two phases are ex-
cited simultaneously.  

The results obtained can be used in the design of such types 
of position drive systems. 
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Robust Position Control of Induction Motor Using 
Discrete-Time Sliding Mode Control 
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Abstract—A new way of induction motor position control for 

high-performance applications is developed in this paper using 
discrete-time sliding mode control (DSMC). The proposed 
control structure includes an active disturbance estimator (ADE) 
in order to improve system robustness and accuracy. 
Experiments have verified high efficiency of the proposed servo-
system under the influence of large parameter perturbations and 
external disturbances in the presence of un-modeled dynamics. 
 

Keywords—Discrete-time sliding mode control, induction 
motors, position control, disturbance estimator, servo-systems 

I. INTRODUCTION 
Exceptionally attractive features of the squirrel cage three-

phase induction motor (IM) as reliability, high efficiency, 
ruggedness, low cost and no need for maintenance make the 
use of IM very important. However, due to their highly 
coupled nonlinear structure, IMs have been for years mainly 
used in unregulated drives. A real breakthrough in IM control 
was the design of field-oriented control (FOC) principle [1], 
which enables the decoupled control of rotor flux and 
electromagnetic torque. This new property has opened a wide 
door to IM applications such as velocity and positional 
systems, previously reserved only for DC motors. 

Indirect FOC (IFOC) has become an industrial standard due 
to its implementation simplicity. In IFOC, the rotor flux 
vector position is evaluated using the slip estimate and the 
measured rotor position. IFOC incorporates two orthogonal 
current controllers and decoupling circuits. IFOC is very 
sensitive to the rotor resistance variation, which is the main 
drawback. 

Sliding mode control (SMC) [2], the popular nonlinear 
robust control strategy, which is theoretically invariant to 
model uncertainties and external disturbances under matching 
conditions [3] in analog implementations, is very attractive for 
IM control [4]. Up to now, a lot of papers dealing with IM 
SMC have been reported in the literature. The main issue in 
servo applications is the position control, which is essential 
for any motion control. High-performance industrial 
applications require fast response, preferably without 
overshoot, high accuracy in steady state, good rejection of 
external disturbances and robustness to parameter 

perturbations. SMC methodology can in great deal meet those 
requirements. Unfortunately, the chattering, usually 
associated with classical SMC design, is a serious impediment 
for SMC application. Various SMC algorithms have been 
devised for IM position control, e.g. [5]-[7]. 
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This paper proposes a new IM position control approach for 
high-performance applications. The proposed control system 
is based on DSMC that allows a simplified IFOC structure, 
where only rotor flux is indirectly regulated by d-axis stator 
current control. The torque current controller and decoupling 
circuits are not needed. The system robustness is improved by 
applying an active disturbance estimator (ADE) [8]. The 
designed servo-system ensures excellent dynamics and high 
accuracy in presence of internal and external disturbances. 

II. IM MATHEMATICAL MODEL 
An IM model in the d-q synchronously rotating frame, 

under commonly used assumptions, can be expressed as 
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where ,  are d-q components of stator voltage, ,  
are stator current components and 

dsu qsu dsi qsi

drφ , qrφ  are rotor flux 
components; ,  are stator and rotor resistances; , , 

 are stator, rotor and mutual inductances; 

 is leakage factor;  is number of pole 

pairs; 
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ω , mppr ωω = ,  are synchronous, rotor 
electrical and rotor mechanical angular velocities; 

mm θω &=

mθ  is rotor 
shaft angular position; T ,  are electromagnetic and load 
torques;  is rotor inertia and  is viscous friction. 

e lT
BJ

Vector control principle, usually implemented by rotor flux 
oriented control, ensures decoupling of torque control and 
rotor flux control. Rotor flux is oriented towards the d-axis, 
 rdr φφ = , . (7) 0== qrqr φφ &

Using (7), (3) and (4) are reduced to 
 , (8) dsmrrr iLT =+ φφ&

 )/( rrqsmmperes TiLp φωωωωω =−=−= , (9) 
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Fig. 1.  Block diagram of the proposed robust position control system using simplified IFOC of IM.         Fig. 2. Structure of ADE. 

where is rotor time constant. The equations define 
the rotor flux dynamics and the slip frequency. As expected, 
the rotor flux is generated only by dsi , and should be constant 

by controlling dsi  to keep a desired constant value *
dsi . In the 

ady state the rotor flux is given by 

rrr RLT /=  

ste
 . (10) *

dsmr iL=φ
Substituting (7) and (10) into (6), the expression for the 
electromagnetic torque becomes 
 , , (11) qste ikT = *2 )/)(2/3( dsrmpt iLLpk =

which is linearly dependent on , showing that both rotor 
flux and electromagnetic torque can be controlled separately. 

qsi

By virtue of (7), (9), (10) and (11), under assumption that 
flux current controller ensures * , and by neglecting 
electrical time constant T

dsds ii =

ss RL /el σ= , IM model (1)-(6) is 
reduced to a second order perturbed system, given by 
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In this approximated model the matching conditions are 
fulfilled, i.e. ][rank][rank btbAb =ΔΔ . Since matching 
conditions hold, (12) can be represented as 
 vu jbAxx +& += =, , (13) gxy
without loss of generality, where  is matched equivalent 
disturbance, i.e. 

)(tvj
][brank][rank jb = . 

The discrete-time representation of the control system (13), 
assuming zero-order-hold applied to the control signal 

, , )()( kTutu = TktkT )1( +<≤ 0Nk ∈ , is obtained as 
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where  stands for ; k kT T  is a sampling period. 

III. IM POSITION CONTROL SCHEME 
The proposed IM position control scheme, relying on 

simplified IFOC, is given in Fig. 1. Unlike the standard IFOC, 

in the suggested simplified IFOC there is only flux current PI 
controller. The torque current controller and decoupling 
circuits are excluded. The rotor flux vector angular position 

eθ  is obtained using slip estimate and measured rotor 
position. The simplest slip estimation is applied, 

)/( dsrqs iTis =ω . The rotor resistance variation due to machine 
thermal changes results in inaccurate slip estimation, and 
consequently in incorrect rotor flux position. This leads to a 
violation of the ideal decoupling between torque and rotor 
flux, which deteriorates dynamic behavior. This phenomenon 
has not been isolatedly handled in this paper, although there 
exists a variety online rotor resistance identification 
techniques, which overcome this problem. Impact of the rotor 
resistance variation is here treated as a system perturbation, 
which is submitted to the robustness of the proposed scheme. 

In addition to the main position DSM controller, the 
proposed control structure incorporates ADE, Fig. 1, in order 
to improve servo-system robustness and accuracy [9]. In 
ADE, a conventionally used passive digital filter G  is 
replaced by another DSM controlled subsystem [8], Fig. 2 
(dashed line). This increases efficiency of the compensation 
of external disturbances and parameter perturbations, which 
are jointly regarded as an equivalent disturbance. The control 
structure in Fig. 2 consists of a real plant  and ADE in 
the local loop. Equivalent disturbance  is evaluated inside 
the ADE employing discrete transfer function of the plant 
nominal model G , which can be easily obtain by 
applying the 

)(zk

)(zG
q

)(zn

z -transform on (14). The nominal model 
inevitably differs from the real plant. Signal  is an estimate 
of the compensated part of the equivalent disturbance. 

q̂

It is shown in [8] that if DSM controller within ADE 
ensures qq =ˆ , the equivalent disturbance is completely 
compensated and the plant has nominal behavior. In general, 
DSMC systems ensure only quasi-sliding mode [10]. A small 
but bounded difference between q  and  will exist, implying 
that total disturbance rejection cannot occur, and in reality the 
obtained plant behavior is almost nominal. From the control 
design aspect, equivalent disturbance compensation is in this 
obtained by discrete-time tracking control within ADE with 
measurable but not known in advance referent signal . 

q̂

)(kq
Both controllers, in the main loop and within ADE, handle 

tracking tasks, with reference inputs  and q , )()( * kkr mθ= )(k
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respectively. The controller in ADE steers the nominal model 
not the real plant, thus all of the state variables are available 
and the control subsystem in ADE is free of disturbances. 
Since ADE forces the real plant to behave as the nominal 
system, the main controller also governs nominal plant. 
Hence, the tracking DSM controller, designed for the nominal 
system, may be used in the main loop as well as in ADE. 
Furthermore, the required state coordinates, feeding the main 
controller, are reliably obtained by an observer, since 
observation error depends only on the uncompensated part of 
the equivalent disturbance. Thus, the proposed servo-system 
requires only system output measurement. 

IV. DSM TRACKING CONTROLLER DESIGN 
As previously stated, both DSM controllers should ensure 

satisfactory output tracking of an unknown but measurable 
input signal  in the nominal system (main controller 

tracks  and ADE controller tracks ). Since control 
objective is to force the output  to track the reference 

, it is desirable to transform the system model (

)(tr
*
mθ q

1x

)(ty

1 re =
)(tr 13) into 

canonical tracking error space, , − 212 xree −== && . 
The required model is obtained as 
 , (15) )( 1

rvbu −+−= bAee&

where , , . 

Additional matched disturbance term  occurs due to 
the transformation, and appears because the reference signal 
varies in time. The referent signal is not analytically known, 
hence the total elimination of its derivatives through the 
control part generally is not possible. Note also that in the 
case of a step input . 

)()()( tratrtvr &&& +=

0)( =tvr

JBa /=
1vb r

−b

)/( st JRkb =

)(t

Under the assumption that the referent signal is sampled, 
i.e. , , implying that the 
disturbance caused by the reference is also discrete, 

, the discrete-time model of the system (

)()( kTrtr =

)(kTvr=

TktkT )1( +<≤

)(tvr 15) is 
given by 
 , (16) ))()(()()1( 1 kvbkukk rdd

−−−=+ beAe
with  and  defined in (dA db 14). 

To attain zero tracking error employing DSM strategy, it is 
necessary to establish a discrete-time sliding mode along the 
sliding surface , defined by the switching function 0)( =ks

 . (17) 21),()( ×ℜ∈= cce kks
If stable sliding dynamics is secured by appropriate selection 
of the vector , the state space origin will be reached, and 
there will be an ideal tracking. Since most of servo-systems 
do not allow chattering, only the “chattering free” DSMC 
algorithms may be considered to provide the desired motion. 

c

Control algorithm [11], which represents a combination of 
two DSMC principles, reaching law and boundary layer, is 
adopted in this paper. A system trajectory approaches 
boundary layer according to some prescribed discrete-time 
reaching law [12]. Once the trajectory enters the predefined 
boundary layer, linear equivalent control is applied and 
system reaches the sliding surface in one step, [13]. The 

designed control law that ensures a desired reaching 
dynamics, defined by )(sΦ , and partially compensates  
is given as 

)(kvr

)(~))(()()()()()( 111 kvbkskku rdddsm
−−− +Φ+−= cbeIAccb , (18) 

where )()(~ krakvr &= . If ))(sgn(),)(min())(( ksTksks σ=Φ , 
the resulting reaching law outside the boundary layer 

Tσks ≥)(  is, using (16)-(18), given by 

 . (19) )())(sgn()()1( 1 krbksTksks d &&−+−=+ cbσ

It can be easily proven that if kMkr ∀≤ ,)(&& , finite time 
boundary layer convergence is obtained if the switching gain 
σ  satisfies TMbd /1−> cbσ . Due to the uncompensated 
part of )(k , linear control inside bound r  ary layevr

Tks σ<)(  ensures only quasi-sliding mode in the domain 

})({ 1MbsS dqs
−≤= cbee . In the case of step and ramp 

inputs, 0=M
0)1

 and ideal discrete-time sliding mode occurs 
( ( =+ks ). Consequently, the designed DSM tracking 
controller provides ideal tracking of step and ramp references. 
The tracking of parabolic inputs has a constant error. 

To improve system performances a specific integral action, 
described in [14], is introduced, which is active only inside 
the boundary layer, i.e. during the linear control mode. The 
control law is now formed as 
 )()()( kukuku Ism −= , (20) 
where the integral action is given by 

⎪⎩

⎪
⎨
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<−+
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=
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,)(,0
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Tkskukhs
Tks

ku
I

I σ
σ

  Th /10 << . (21) 

Such extension improves controller tracking capabilities to 
ideal tracking of references ( , ) up to parabolic forms, 
without any degradation of the system dynamics. 

*
mθ q

In the DSM based servo-system with ADE, Fig. 1, the 
overall control effort  is formed as )(kuc

 )()()( kukuku ademc −= , (22) 
where  and  are the outputs of the main and 
ADE controllers, respectively. Each controller is realized 
using the same control law, described by (

)(kum )(kuade

20), (18) and (21). 

V. EXPERIMENTAL RESULTS 
The effectiveness of the proposed control structure has been 

investigated by experiments conducted on a servo-system 
with a three-phase IM, whose nominal parameters are given in 
Table I. Tests have been run in an experimental platform 
presented in Fig. 3. The applied incremental encoder gives an 
angle resolution of . The control part of the 
positional servo-system is implemented by dSPACE DS1104 
R&D controller board, installed on a host computer. 
Parameters of the both controllers are summarized in Table II. 
Besides measured position, the main controller consumes 
velocity estimate from the conventional Luenberger observer. 

rad108.3 4−⋅

The designed IM positional servo-system is tested under 
action of external disturbances, unmodeled dynamics and 
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TABLE I 
IM NOMINAL PARAMETERS 

Δ-connection Rs=24.6 Ω 
Pp=1 Rr=16.1 Ω 
fn=50 Hz  Ls=1.48 H 
Pn=0.37 kW Lr=1.48 H 
In=1.7 A Lm=1.46 H 
Tn=1.3 Nm J=3.5⋅10-4 kgm2 
nn=2820 rpm B=3⋅10-4 

Nm/rad/s 

 

TABLE II 
DSM CONTROLLERS PARAMETERS 

 Main Controller ADE Controller 
control law equations (20), (18) and (21) (20), (18) and (21) 
switching gain  σ=50 σ=50 
integral gain h=10 h=10 
SM dynamics eigen. z1=e–5T, T=0.001 s z1=e–50T, T=0.001 s 
switching funct. vector c [-0.0663  –0.0133] [-0.6485  –0.013] 

 
Fig. 4.  a) Position response; b) Position response (enlarged scale); c) Steady-

state positioning error; d) Control signal (overall). 

 
Fig. 3.  Experimental setup. 

parameter perturbations. The system is subjected to a constant 
load torque  at the moment , which 
is 50% of the nominal torque. Rotor inertia is increased to 

. Also, an impact of the rotor resistance variation is 
emulated by employing in the slip calculator a 100% larger 
value ( ) than the nominal one. Step response of such 
system is given in Fig. 4a. The effects of the counted 
disturbances are visible only in the enlarged scale, Fig. 4b. It 
is obvious that ADE considerably compensates the impact of 
the internal and external disturbances onto the system 
behavior, resulting in an excellent performance. 

Nm65.0)( =tTl

Ω

s5.2=t

nJ9.1

2.32

Apart from great robustness, ADE also increases steady-
state accuracy. In fact, according to the Fig. 4c, it is apparent 
that the system provides maximal possible accuracy even in 
the presence of system perturbations, since the obtained error 
is within the measurement resolution. Finally, the overall 
control signal of the proposed system is displayed in Fig. 4d. 
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Education System for TV Monitors Adjustment with I2C 
Serial Bus Interface 

Alexander B. Bekiarski1 Andrei D. Andreev2  

Abstract – Television receivers and monitors have the 
possibilities to adjustment using built-in microcontrollers and 
I2C serial bus interface connected to each of the integrated 
circuits in the receiver or monitor. All parameters for this 
adjustment are stored in a suitable nonvolatile memory.  It is 
very interesting for the students education to have the 
possibilities to control this process of adjustment, made this 
manually and do the appropriates measurements. The goal of 
this article is to developed an education system, which is capable 
to do these adjustments and measurements in the time of 
practical students works. Also it is possible to use these systems 
as a tool for monitor or receiver repairmen or testament. It is 
possible to combine these adjustments and measurements with 
some visual observations of displayed testing signals and data on 
the monitor screen of the computer. All that can be made with 
the proposed tool, which is connected to a computer with a serial 
interface. 

 
Keywords – TV Monitors Adjustment, I2C Interface, TV 

Education Systems 

I. INTRODUCTION 

The modern TV monitors and TV receivers are made with 
possibilities to automatically adjustment of there parameters, 
for example bright, contrast, colors, geometry, size, position, 
horizontal and vertical frequencies in dependence from the 
input horizontal and vertical synchronization pulses etc. [1] 
This is done with implementation of programmable integrated 
circuits, using a build in the monitor or receiver 
microcomputer and a memory for keep these values. 

It is very interesting and important for education purposes 
to have the possibilities to control this process of adjustment, 
made this manually and do the appropriates measurements of 
the defined horizontal and vertical frequencies, when  the 
monitor or receiver can be repaired or tested. Of course, it is 
possible to combine these measurements with some visual 
observations of displayed testing signals and data on the 
monitor screen of the computer. All that can be made and 
proposed as a tool, which is connected to a computer with a 
serial interface.  

In the Fig.1 is shown the proposed block schema of the 
education system for adjustment and measurement of 
television received and monitors. 

Television 
reseiver or 
Monitor

I2C-Bus to 
USB Interface 

I2C-Bus 
SCL 

SDA 
 

PC Computer 

USB 
Interface 

Fig.1. Block schema of the education system for adjustment and 
measurement of television received and monitors. 

 
The television receiver or monitors, which are under the 

adjustment, measurement or testing for an education purpose 
have build-in I2C-Bus [2]. This bus is connected internally to 
almost all integrated circuits in the receiver or monitor. By 
means of this bus the build-in microcontroller, transmit data 
for control and adjustment of the receiver or monitor 
characteristics or modes of operation. 

It is possible to accomplish a connection to this internal for 
television receiver or monitor I2C-bus, because most of them 
have a build-in connector for this bus. This connection to one 
external I2C-Bus to USB Interface is shown in the Fig.1. Of 
course, there is other possibly to interface I2C-Bus not only 
with USB to one PC computer, for example Serial Interface 
RS232, Parallel Port etc., but the USB Interface is more 
effective and suitable for interfacing with PC computers for 
software developments and education purposes. 

In the monitors there is a standard testing socket utilized to 
connect an external interface. This socket is shown in Fig.2. 

Except of I2C-Bus signals SCL_OUT and SDA_IN/OUT in 
this socket are included also horizontal HSYNC_IN and 
vertical VSYNC_IN input signals SELECT_IN. This 
unification of the pins and signals is very convenient for 
testing different types of monitors with the same type of an 
external interface to PC computer. 

There are many possibilities to choose the hardware of the 
I2-C Bus to USB Interface: a specific only for this application 
designed interface or to use universal I2C-Bus to USB 
interface, with corresponding software for PC computer. From 
a point of view of education application it is more suitable to 
choose and utilize universal interface. Moreover, it can be use 
too in other students practical work, tutorials etc. 

II. THE EDUCATION SYSTEM FOR TV MONITORS 

In this work it is chosen the popular for education and 
professional applications hardware and software measurement 
system of National Semiconductors known as LabVIEW [ ]. 
This interface is NI USB-8451 [3] and it can be support both 
I2C-Bus and serial peripheral interface (SPI), which too is 
very popular as I2C-Bus in television receivers and monitor 
internal bus for adjustment and control with microcontrollers. 

1Alexander B. Bekiarski is with the Faculty of Telecommu-
nications, bul.Kl. Ohridski 8, Sofia, Bulgaria, E-mail: aabbv@tu-
sofia.bg  

2Andrei D. Andreev is with the Faculty of Telecommu-nications, 
bul.Kl. Ohridski 8, Sofia, Bulgaria, E-mail: aandreev@tu-sofia.bg  
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GND 

ASYNC_IN 

SDA_IN/OUT 

SCL_OUT 

SELECT_IN 

RESET_IN 

1 
 
 
2 
 
 
3 
 
 
4 
 
 
5 
 
 
6 
 
 
7 

 

VSYNC_IN 

 
Fig.2.The pins assignment of the standard testing socket 

utilized in monitors 
The main characteristic of this interface is: 
- I2C master interface with clock rates up to 250 kHz; 
- 8 general purpose digital I/O lines; 
- high level, easy-to-use LabVIEW API; 
- bus powered, full-speed (12 Mb/s) USB connectivity; 
- 7 and 10-bit I2C addressing; 
- advanced API for custom I2C and SPI transactions; 
- Windows 2000/XP operating system.  

III. THE UTILISATION OF EDUCATIOIN SYSTEM 

The chosen LabVIEW I2C-Bus to USB interface can be 
used in the proposed education system for practical works of 
the students with block schema described in Fig.1. 
In the beginning of the practical work students build itself a 
block diagram used in common LabVIEW applications, which 
in the other hand contain the specific building block suitable 
for the application of television receiver or monitor testing 
and adjustment with proposed I2C – Bus interface. This block 
diagram is shown in Fig.3. 

The blocks for settings of some necessary data are shown in 
Fig.3 are: 

- Data In using for data input and transfer via I2C – Bus; 
- I2C Address also needed for addressing the  transferred 

via I2C – Bus data; 
- Board Type is needed for a chosen type of I2C – Bus to 

USB interface; 
- Serial Number also is necessary for board type 

identification. 
There are also the execution blocks: 
- I2C Open for activating I2C - Bus; 
- I2C Tx/Rx for transferring (Write/Read) operation for 

the data; 
- I2C Close for deactivating I2C – Bus connected to the 

television receiver or monitor. 

At the end of this block diagram is added a block for data 
visualization for example of errors, which is named Error Out. 

 

 
 

Fig.3. Block diagram in LabVIEW applications for I2C data 
transferring 

In Fig.4 are shown some fields and locations in front panel, 
where it is possible to enter some initial data for Board Type, 
Serial number. 

 

 
 

Fig.4. The window with some fields and locations in front panel, 
where it is possible to enter some initial data for Board Type, Serial 

number, Address, Data In and seen Errors Out 
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Also there are the locations for settings of I2C Address and 
data which are sending via I2C-bis to the television receiver 
or monitor and especially to the desired integrated circuit in 
them, where it is necessary to make an adjustment or change 
of the parameters or mode to operation of the television 
receiver or monitor. 

The software possibilities to examine, testing and adjust the 
television receivers and monitors are very suitable to perform 
a varieties of the students practical works mainly to show 
them all important points and moments of the adjustment or 
testing process of one television receiver or monitor. These 
important moments or points are for example the time 
diagrams for data transferring for PC computer to the adjusted 
or tested television receiver or monitor, the contents of some 
important registers or memory cells in the integrated circuits 
in receiver or monitor, from which the students can  
understand more clear and deeply the work and adjustment of 
this part, from which depend the mode of working of the 
television receiver or monitor.  

Some of these and other important moments for proposed 
education system for television receivers or monitors 
adjustment are shown in the next figures as windows on the 
PC computer screen. 

It is show in the Fig. 5 the time diagram for an example of 
transferring data via I2C-bus.  
 

 
 
Fig.5. Time diagram of data bus SDA of I2C interface is added also 

in the window 

It can be seen from the  students the sequence of the data in 
the data bus SDA of I2C – bus together or in synchronization 
with I2C – bus clock signal SCL. Also it is possible to 
measure the time relations of two wire serial I2C – bus, which 
are presented as a scale in microseconds above the time 
sequences for SDA and SCL signals. 

A more clear representation of the time diagram of data bus 
SDA of I2C interface is added also in the window and is 
shown on the Fig.5 as hex values of a sequence of eight bits or 
one data byte. This is the line above time diagram for data bus 
SDA of I2C interface and it is labeled as Frame in Fig. 5. This 
give to the students the possibility to do the comparison for 
the data they are set and the data, which are transmit and also 
the possibility to test whether or not the transmit data are 
received correctly in the desired integrated circuit under the 
adjustment in the television receiver or monitor. 

Below the time diagrams there in the Fig. 5 are the 
additional parts of the window, which too are very 
informative and useful and some of which are presented as 
values in microseconds and other as hex values. 

For some other practical works with students in the area of 
television receivers or monitors testing and adjustments it is 
more advisable to have the possibilities of observation not 
only the transferring process via the I2C interface, but also the 
contents of some of the internal registers in the integrated 
circuits in the television receiver and monitor or the contents 
of some memory cells of  EEPROM also in  television 
receiver and monitor. This possibility is included in the 
described education system. In Fig.6. is shown a window in 
which it can be seen the contents of some memory cells. 
  

 
 

Fig.6. Window for observation of the contents of some of some 
memory cells of  EEPROM 
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In the Fig.6 it can be seen a list of memory cells with their 
status, address, contents, direction of data transfer labeled as 
Tx/Rx and the appropriate  message, absolute, idle time and 
length.  

A more difficult, but very important and suitable direction 
of applying of the proposed education system is not only in 
the practical works of the students, but also for the students 
projects. This means, that the students use this education 
system for development and running of their own projects as a 
concrete Windows applications written for example in C, 
C++, Visual C++, Visual Net, Java etc.  

The similar representation of internal register of the 
integrated circuits in the television receivers or monitors 
representation is given in Fig.7. 
 Such example for using the proposed education system for 

the purpose of student projects as application written in Visual 
C++ is shown in Fig.9. 

 

 

 

 
Fig.7. Window for observation of the contents of some of the internal 

registers in the integrated circuits 
 

Also in Fig.8 there is a window in which can be seen the 
representation of some values of logical data or variables. 
 

 

 
Fig.9. Example of using the education system as students projects 

application written in Visual C++ 

IV. CONCLUSION 

The proposed education system for TV receivers or monitors 
adjustments is realized as standard LabVIEW I2C to USB 
interface and with using almost existing software for data 
transferring and visualization, but it is open for student’s 
projects and for other modifications, extensions or new 
releases. 
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Fuzzy Logic Trajectory Control of Pneumatic Actuators 
for Rehabilitation Robot System 

Nataša Koceska1, Sašo Koceski2 

Abstract – In this paper the development of efficient fuzzy 
logic trajectory control of pneumatic system is presented. The 
pneumatic actuators used in our experiments, are part of a lower 
limb rehabilitation exoskeleton with 10 DOF (Degrees Of 
Freedom). The aim of the developed trajectory control system is 
to guide physiologically the inferior limbs of a rehabilitant 
according to natural movements. The developed fuzzy controller 
was implemented and tested on embedded PC104 system.  

The objectives achieved by the proposed controller are mainly 
high performance, accurate trajectory control and high 
robustness. 
 

Keywords – Fuzzy logic, trajectory control, pneumatic 
actuators, rehabilitation robot system. 
 

I. INTRODUCTION 

Recently there is great demand of pneumatic systems in the 
field of medical robotics. They are used to meet the need of 
lower cost, high power-to-weight ratio, long duration, ease of 
maintenance, cleanliness. However, pneumatic systems 
exhibit highly non-linear behaviors that are associated with 
the compressibility of air, the complexity of friction presence 
and the nonlinearity of valves [1], [2], [3]. Because of all 
these characteristics, it is very difficult to successfully apply 
the classical control theory on pneumatic systems. It is 
relatively easier to use a fuzzy logic control, even though 
there are difficulties in designing a fuzzy controller and 
determining its parameters by trial and test. 

Applying fuzzy control to a continuous pneumatic 
positioning system is particularly advantageous in terms of 
simplicity of design and implementation, and thus 
significantly reduces the time required to develop the entire 
system [4], [6]. Also fuzzy control has been demonstrated to 
provide highly satisfactory results in terms of accuracy, 
repeatability and insensitivity to changes in operating 
conditions [5].  

A great number of researches have been done in the 
analysis of fuzzy control systems, in the field of robotics [7], 
[8].  

Despite this prior work, obtaining the accurate control of 
pneumatic systems is still a very challenging task. 

In this paper the development of efficient fuzzy logic 
controller for simultaneous real-time control of two pneumatic 
rod cylinders is presented. The pneumatic actuators used in 

our experiments, are part of a lower limb rehabilitation 
exoskeleton with 10 DOF (Degrees Of Freedom). The aim of 
the developed controller is to enable efficient trajectory 
control which will guide physiologically the inferior limbs of 
a rehabilitant according to natural movements. The developed 
fuzzy controller is implemented and tested on embedded 
PC104 system. 

II. FUNCTIONAL DESCRIPTION 

On Fig. 1. our robot rehabilitation system composed of two 
pneumatic cylinders, connected to the femoral and tibia bars 
on each of the “legs” of the robot, is presented. Through the 
accurate control of the length of these actuators, it is possible 
to guide the inferior limbs of a patient. 

 

 
 

Fig.1. Design of the lower limbs rehabilitation system with 
pneumatic servo actuators  

III. FUZZY CONTROLLER 

Classical control theory can be successfully applied to 
systems which are well defined and when the parameter 
variations are not so excessive. The nonlinear processes 
should often be controlled by heuristic rules of human 
knowledge. In that situation, it seems that fuzzy control theory 
can give suitable solutions. The essence of fuzzy logic control 
is that appropriate linguistic fuzzy rules are chosen, using 
some decision-making process, from a rule table constructed 
using human control experience and databases.  

1Nataša Koceska is with the Applied Mechanics Laboratory,
DIMEG, University of L'Aquila, Via Montorio Al Vomano 6, 67100
L’Aquila (AQ), Italy,    E-mail: njankova@yahoo.com 

2Sašo Koceski is with the Applied Mechanics Laboratory,
DIMEG, University of L'Aquila, Via Montorio Al Vomano 6, 67100
L’Aquila (AQ), Italy,    E-mail: koceski@yahoo.com 

Before designing a fuzzy controller, it is necessary to have 
some supposes for simplification as follows: 
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• The reference zero position for displacement 
controlling of the cylinder is defined at the end 
point of the cylinder’s rod when it is completely 
out. 

• The output error e(t) is positive if the reference 
point r(t) is greater than the real displacement x(t); 

• In order to move the piston from bottom to up, the 
pressure of the bottom chamber controlled by the 
bottom pressure proportional valve must be greater 
than the sum of friction, gravity force and the 
count force produced by the pressure of the upper 
chamber of the cylinder.  

Since the working area of cylinders is overlapping, the 
same fuzzy controller is used for both of them. 

The fuzzy controller is composed of fuzzification, control 
rules, fuzzy logic inference and defuzzification procedure, as 
presented on Fig. 2. 

 
Fig.2. Fuzzy controller structure 

 
The state variables of the pneumatic fuzzy control system 

are: the displacement error E, which is the input signal and 
two output control signals Uant and Upos which are control 
voltages of the bottom and upper valve respectively.  

Displacement error in the system is given by:  

)()()( kTxkTrkTe −=  (1) 

where, r(kT) is the reference point, x(kT) is the actual 
measured displacement, and T is the sampling time. 

Based on this error the output voltage, that controls the 
pressure in both chambers of the cylinders, is adjusted. 

Seven linguistic values non-uniformly distributed along 
their universe of discourse have been defined for these 
variables (negative large-NL, negative medium-NM, negative 
small-NS, zero-Z, positive small-PS, positive medium-PM, 
positive large-PL). For this study trapezoidal and triangular-
shaped fuzzy sets are chosen for input variable and singleton 
fuzzy sets for output variables. 

The membership functions were optimized starting from a 
first, perfectly symmetrical set. Optimization was performed 
experimentally by trial and test with different membership 
function sets. The membership functions that give optimum 
results are illustrated in Figs. 3a, 3b and 3c. 

 

 
Fig.3a. Membership function of input variable E 

 

 
Fig.3b Membership functions of output variables Uant 

 

 
Fig.3c Membership functions of output variables Upos 

 
The rules of the fuzzy algorithm are shown in Table I in a 

matrix format.  
TABLE I 

RULE MATRIX OF FUZZY CONTROLLER 
 

Rule n ° E ANT POS 
1 PL PL NL 
2 PM PM NM 
3 PS PS NS 
4 Z Z Z 
5 NS NS PS 
6 NM NM PM 
7 NL NL PL 

 
For convenience the rules of the fuzzy algorithm shown in 

Table I express the actions to be exerted on the valves 
connected to the cylinder chambers in order to reduced  
displacement errors. 

For example, Rule 1 is introduced because the rod must be 
displaced a lot when the actual position is fairly far below the 
reference value (E = PL). This is translated into control 
voltages such as to direct a high supply air flow to bottom 
chamber ANT and to increase the pressure in it (Uant = PL) 
and also to direct a high flow from upper chamber POS 
towards discharge and to decrease the pressure in it (Upos = 
NL). The other rules shown in Table I originate from similar 
qualitative considerations. 

The max-min algorithm is applied and center of gravity 
(CoG) method is used for deffuzzify and to obtain an accurate 
control signal.  
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IV. INVERSE KINEMATICS PROBLEM 

Since the aim of the developed controller is to enable 
efficient trajectory control which will guide a patient 
according to natural movements, a special experimental 
procedure for movement analysis of inferior limbs, was 
performed. The walk of a health person on a treadmill with 
standard video camera equipped with 3CCD sensor was 
recorded. Videos were captured with optic axis normal on the 
plane on the limbs’ movement. The videos were post-
processed and kinematics movement parameters of limbs’ 
characteristic points (hip, knee and ankle) were extracted.  

These data were imported in Working Model 2D which 
allow to carry out kinematics simulations of complex 
mechanical systems. By the means of this software the inverse 
kinematic problem was resolved, and the trajectory which 
must be performed by the actuators was determined. 
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V. EXPERIMENTS AND RESULTS 

Experimental set up, presented on Fig. 4, is composed of 
two vertically positioned rod cylinders SMC CM2C32F-160 
and SMC CM2C32F-180 (with stroke length l1=160 mm, 
l2=180 mm, respectively and diameters d=32 mm.). Motion of 
each cylinder’s piston (i.e. supply and discharge of both 
cylinder chambers) are controlled by two pressure 
proportional valves (SMC-ITV 1051-312CS3-Q), connected 
to both cylinder chambers. In order to obtain the information 
of the piston’s position for each cylinder, two linear 
potentiometers (Celesco DV301-0040-111-1110) are used. 

 

 
Fig.4. Schema of the experimental setup 

 
The system is managed by an embedded PC104 Athena 

board from Diamond Systems, with real time Windows 
CE.Net operating system, which uses the RAM based file 

system. The Athena board combines the low-power Pentium-
III class VIA Eden processor (running at 400MHz) with on-
board 128MB RAM memory, 4 USB ports, 4 serial ports, and 
a 16-bit low-noise data acquisition circuit, into a new compact 
form factor measuring only 4.2" x 4.5". The data acquisition 
circuit provides high-accuracy, stable 16-bit A/D performance 
with 100 KHz sample rate, wide input voltage capability up to     
+/- 10V, and programmable input ranges. It includes 4 12-bit 
D/A channels, 24 programmable digital I/O lines, and two 
programmable counter/timers. A/D operation is enhanced by 
on-board FIFO with interrupt-based transfers, 
internal/external A/D triggering, and on-board A/D sample 
rate clock. 

Microsoft embedded C++ programming language is used to 
program the control algorithm and effectuate the 
measurements. 

The Fuzzy controller, described in section III, is used in 
trajectory control of pneumatic servo actuators and a lot of 
experiments have been made. In order to implement the 
control algorithm on embedded PC104, some necessary 
operations such as reading and storing data, calculating the 
output error, normalization, fuzzification, inference and 
defuzzification, must be performed. All operations must be 
done in real time with a sampling period of 10ms. In order to 
meet these constraints the controller is implemented in several 
optimized program modules. Data acquisition and control 
modules for both cylinders are loaded and run from RAM 
memory of the PC104.   

The developed controller was first experimentally tested on 
sinusoidal trajectory control (period-4s, amplitude-40mm). 
The experimental results are presented on Fig.5. 
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Fig.5 Experimental results with sinusoid trajectory control 

 
After this, the controller was tested on trajectory obtained 

with inverse kinematics, according the experimental 
procedure described above. 

The results for both cylinders are presented on Figs.6 and 7.
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Fig.6 Trajectory control of cylinder connected to femoral bars 
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Fig.7 Trajectory control of cylinder connected to tibia bars 

VI. CONCLUSION 

It is important to make evident the great potential that fuzzy 
logic has to offer, in the field of pneumatic systems. However, 
high system knowledge is necessary to improve the 
performance of the controlled actuators. 

As it is shown in this work, with the developed controller 
accurate trajectory control and high robustness of the system 
were achieved. The experiment results show that the 
trajectories in both cases are mainly followed well and the 

final output error is less that 5mm. This error is acceptable for 
our system which will be used for rehabilitation purposes. 

VII. FUTURE WORK 

Future directions of the work include experimental 
verification of the proposed fuzzy controller on the actuators 
with the load of 5, 10, 15 and 20 kg., and implementation of 
the error change rate as a second controlled variable of the 
fuzzy controller. 
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Vision-Based Guidance of a Six-Legged Robot 
Alexander Bekiarski1, Mladen Milushev2, Plamen Petrov2  

 
Abstract – The legged robots belong to the bio-walking robots, 

which imitates the walking styles of multi-leg animals in the 
nature. There are many studies of the technologies concerning to 
the walking bio-robots. The six-legged robot is a concrete 
realization of a multi-leg walking bio-robot, which is chosen in 
this article as a part of a audio visual moving robot. The audio 
visual robot can be a real working combination from different 
sensors, intelligent and knowledge systems, moving and 
orientation systems etc. Each of these systems cab be investigate 
separately, but the results of these investigations and 
experiments from each of these systems can be proven ensemble 
or in conjunction in a real working audio visual moving robot. 
The goal of this article is focused just in this direction – to 
combine the information derived from audio or visual robot 
sensors and to use this information, practically as space co-
ordinates of observed from the robot object, for guidance of the 
six-legged robot.  
 

Keywords – Audio Visual Moving Robots, Bio-walking robots, 
Multi-legged robots 

I. INTRODUCTION 

The audio visual robot is a combination from a lot of 
different systems: audio, video, communications, moving 
system etc. The main goal of the work of an audio visual 
moving robot is to observe with some sound and image 
sensors the objects in the area of observation or in a room, to 
process this audio and visual information, to calculate the 
space co-ordinates of the observed object and finally to guide 
the moving system of the robot, in the case of this article – a 
six-legged moving robot system. 

Of course, each of these systems is investigated, designed 
and tested separately. For example there are the results of the 
calculation of the direction of arrival of sounds, speech or 
noise from the audio robot system [8] or the information for 
the co-ordinates of a visual object recognized from the video 
robot system [9]. 

On the other hand there are many investigations and result 
for methods, algorithms and technologies for simple or more 
complex guidance of multi-legged robots [7]. All of these 
results can be combined to work together in an audio visual 
moving robot equipped with a multi-legged walking system 
and especially here with a six-legged mechanism. 

 

1Alexander B. Bekiarski is with the Faculty of 
Telecommunications of Technical University - Sofia, bul.Kl. 
Ohridski 8, Sofia, Bulgaria, E-mail: aabbv@tu-sofia.bg  
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2Plamen Petrov is with the Faculty of Mechanical Engineering of 
Technical University - Sofia, bul.Kl. Ohridski 8, Sofia, Bulgaria, E-
mail: aandreev@tu-sofia.bg  

The proposition in this article to do this combination from 
some of the moving robot systems, i.e. audio, video and 
walking six legged mechanism is shown as a block schema in 
the Fig.1. 

 

 

TV Camera ],,[ III zyx  

Microphone 
Array ],,[ SSS zyx

Other 
Sensors ],,[ OOO zyx  

Sensors Information and Co-ordinates 
Interpretation in the Six-legged Mechanism Terms 

Biometric Control
Central Pattern 
Generator (CPG) 
 
 
Basic Motion Pattern 
           (BMP) 

Posture Control 
Primitives (PCP) 

Control 

Fig.1. The proposed block schema 

 
If in the area of observation of the robot there is a visual 

object the visual sensor gives their space co-ordinates 
. In the same time, if the microphone array 

perceives a sound, speech or noise signals it calculate the 
direction of arrival of the sound and finally the space co-
ordinates   . In the Fig.1 it is shown also the 
existing of other types of sensors, which too gives the 
coordinates . All calculated coordi-nates are 
selected and interpreted as the common and useful 
information for biometric control of six-legged mechanism of 
the robot. The final executive control of six-legged 
mechanism depends from the situation and can be performed 
both from of Central Pattern Generator (CPG) in concurrence 
with Basic Motion Patterns (BMP) or Posture control 
Primitives (PCP). A more detailed description of this part is 
given next in this article. 

],,[ III zyx

],,[ SSS zyx

],,[ OOO zyx

Sensor Information 

Six-legged Mechanism 
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II. APPROACH FOR BIOMETRIC CONTROL 

The control approach proposed in this paper (Fig.1) 
combines the conceptions of two approaches: the conception 
of Central Pattern Generator (CPG) in concurrence with Basic 
Motion Patterns (BMP), Posture control Primitives (PCP) and 
Reflexes (Fig.2.). 

The CPG model controls the motion using phase 
displacement of the legs in normal conditions. Normal 
conditions mean that there are no obstacles blocking the robot 
path or terrain irregularities. The second part which is 
represented by BMP is used for controlling the rhythmic 
control of the robot. The BMP describes the rhythmic space 
trajectory of the leg done by means of the joint angles, which 
determine the step (amplitude) and frequency (period) for the 
leg’s displacement, thus permitting an Omni-directional 
motion of the system. 

By activating more than one of these BMP the effects can 
be combined and superposed. For example, if a forward 
motion is activated with different amplitude, the resulting 
motion is straight and leftward. The process of superposition 
guarantees that change from one motion to another is smooth 
and the system is stable. The advantage is that the change in 
heading is possible without stopping the robot in advance. 

 
 

 
Fig. 2 Conception Scheme for a Biologically Motivated 

Robots Control 
 

In addition to the BMP, the architecture of motion 
behavior PCP guarantees higher behavior level of the module 
which is used for pose control of each leg by controlling the 
primitive of the posture.  
For example, the behavior control of lifting up and inclination 
of the central body utilizes PCP for stabilizing the walking 
system. In such way, it is possible to change height of the 
main body only by stretching of the leg. 

The reflexes are used in two directions: sudden reflexes, 
which bock the corresponding joint in case of collision, and 
posture reflexes serve the posture control primitive module. 
The reflexes are activated only by exception and are used for 
dealing with them, for example, when a reflex moves the leg 
up to avoid an obstacle. These mechanisms altogether will 
permit the system to keep relatively constant speed during the 
motion on irregular terrain. Consequently, it is possible to 
walk with the same software architecture in case of different 
kinds of terrains. 

This paper addresses the changes of step, respectively the 
amplitude in the basic  motion pattern in reference to 
coordinates aiming a trajectory generation on a flat terrain. 

III. KINETIC EQUATIONS OF MOTION 

In this paper, we consider a walking robot with six 
identical legs equally distributed along both sides of the robot 
body in three opposite pairs. Each leg consists of three links 
and three revolute joints as shown in Fig. 3.  

 

Fig. 3 Link frame attachment to the 3 degrees-of-freedom leg 

The first two (thoracic denoted by θ1 and hip denoted by  
θ2) are orthogonal to each other, and the third (knee denoted by    
θ3) is parallel with the second. In our previous paper [….], the 
Denavit-Hartenberg convention was used for the description of 
the vehicle kinematics. The link parameters of each leg are 
denoted as follows: θi, (i = 1,2,3), are joint variables, and li , (i 
= 1,2,3), are the lengths  of the links (Fig. 3). 

The coordinates of the foot (leg tip) in the frame O0xoy0z0 
attached to the robot body are 
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Remark 1. To complete the kinematics modeling, the six 
legs and the robot body must be integrated to solve the global 
kinematics problem of the robot. It is important to be able to 
compute the robot coordinates and orientation (the frame 
Cxcyczc attached to robot body, Fig. 3) with respect to an inertial 
coordinate frame FXYZ. The homogeneous transformation 
matrix between Cxcyczc and FXYZ (which is not presented in 
this paper) depends of the six degrees of freedom of the robot 
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body (three angles describing the angular position of the body 
in the inertial frame FXYZ and three coordinates of the mass 
center C in FXYZ).    

Equations (1) determine the foot position in O0xoy0z0 in 
terms of the joint variables. In order to solve the inverse 
kinematics problem, i.e., the problem of finding the joint 
variables in terms of the top position, we solve Eqs. (1) in 
closed-form for θi , (i = 1,2,3). 
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In order to derive expressions for the joint angles θi 
(i=1,2,3) in terms of the desired changes in robot heading θ 
with respect to an inertial frame, we consider a circular motion 
of the robot, as shown in Fig.4. 
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Fig. 4:  Circular motion of the robot 

Denoting by b1 - the half of the body length, and by b2 – the 
half of the body base, first, we obtain an expression for the 
thoracic joint angle θ1 as a function of the change in heading θ 

during the support phase of the front right leg of the robot as 
follows 
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Similar expressions can be derived to all legs of the robot. 

Next, we express the two joint angles θ2 and θ3 as functions of 
the thoracic joint angle θ1 and the change of heading θ. For 
circular motion of the robot at a constant height H of the body 
with respect to the ground, we obtain   
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H is the body height, and s is the foot distance from the body 
(Fig. 3).  We also define the angle θ3adj as 
 
                                         θ3adj :=  π/2 - θ3                               (8) 
 
which is used in the simulations, since θ3  is often grater than  
π/2. Angle θ3adj is the angle between the perpendicular with 
respect to axis x2 and axis x3. 

IV. SIMULATION RESULTS 

    Our model was simulated on a flat floor. The robot 
parameters were chosen to be and are present in  
Table I. 

TABLE I 
LENGTH OF THE LINKS OF EACH LEG 

 

      link        1        2       3 
    length     0.07[m]   0.285[m]    0.31[m] 

 
The body length is b1 = 0.56m and body base b2 = 0.24m. 

All the time, the height of the body with respect to the ground 
remains constant. For the simulations, we use the inverse 
kinematics solution to compute the joint angles of the leg based 
on the desired change in the orientation θ of the robot.  
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V. CONCLUSION The simulation is performed for circular motion of the robot 
with radius of curvature equal to 1m. The desire change in the 
orientation is Δθ=0.35rad which is on the limit in the range of 
motion of the joints.   

The proposed visual control of six-legged robot is described 
as a conception which is tested in some particular cases, but in 
the future works it must be examined for more different and 
complicated situations both for existing of visual and audio 
objects in the area of robot observation and too for more 
difficult moving scenarios.  

 
The simulations are performed for the front right leg when 

the robot is walking at a constant height H = l3  and the foot 
distance (in t=0) is s = l1 + l2 = 0.355m. Figure 5 plots the 
evolution of the thoracic (θ1) of orientation θ of the robot 
during the supporting phase of the leg. 
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Camera Control for Active Surveillance from a Six-Leg 
Walking Machine 

Mladen Milushev1, Plamen Petrov2, Ognian Boumbarov3, Vania Georgieva4 

  
Abstract - In this paper we present a kinematic description of a 

six-legged laboratory prototype robot and control algorithm for 
tracking a target from the robot using active camera. The hexapod 
hardware platform with fluidic muscle is described. We present an 
algorithm that provides automatic control of a tilt camera to 
follow a target and keep its image centered in the camera view.  
An error coordinate defined in the image plane and representing 
the target offset with respect to the center of the image is used for 
camera control. Simulation results are presented to illustrate the 
effectiveness of the proposed control law.  

I. INTRODUCTION 

Legged vehicles have a number of potential advantages 
over wheeled or tracked vehicles for locomotion over rough 
terrain. This is a result of the abilities of legs to use discrete 
foot-terrain interactions and to adapt to the terrain which 
permit the vehicle body to move smoothly over the surface 
while legs absorb or avoid terrain irregularities. Six legged 
locomotion is the most popular legged locomotion concept 
because of the ability of static stable walking. The hexapods 
are often inspired by nature, two examples of such robots are 
Lauron [1] and Genghis [2]. Most of them are laboratory 
prototypes [3,4,5], but there are also few walking machines 
built for specific applications, such as  SILO06 [6], a six-
legged robot built for humanitarian demining.  

In recent years, target detection and tracking has been an 
important research topic in computer vision. The use of 
autonomous active camera as opposed to fixed cameras 
extends the range of sensing and effectiveness of the systems. 
However, the task of target tracking with moving camera is 
much more complex than the tracking from a fixed camera 
and effective tracking in a such scenario remains a challenge. 
While there has been significant amount of work on target 
tracking from the single static camera, there has been much 
less work on  tracking using active cameras, [7,8]. The 
adequate control of the camera is an essential phase of the 
tracking process. In [9,10], a camera is used for navigation of  
legged robots. In [11], a PI-type controller was proposed for a 
pan-tilt camera.  

In this paper, we present an algorithm that provides 
automatic control of a tilt camera to follow a target and keep 

its image centered in the camera view.  
Our approach to the target tracking is to design a control 

scheme using visual information only, without long-term 
prediction of the target motion, which is unknown in advance 
and may be characterized by sudden changes. An offset 
(error) vector defined in the image plane and representing the 
coordinates of the target with respect to the image frame is 
used for camera feedback control.  The proposed   control law 
achieves ultimate boundness of the closed-loop system. 
Stability analysis of the closed-loop system is  performed. 

The rest of the paper is organized as follows: Section 2 
describes the mechanical design of the hexapod with 
pneumatic muscles. In Section 3, a kinematic description of 
the robot is presented. In Section 4, we present the feedback 
tracking controller for the camera. We provide simulation 
results in Section 5. Conclusions are presented in Section 6. 

II. THE HEXAPOD PROTOTYPE 

Our six-legged walking robot prototype is shown in Fig. 1.  
 

 
Fig.1 The six-legged robot prototype  

 
The leg weighing 1,6 kg is structured in three segments thus 

matching the biological pattern leg. The leg’s locomotion is 
secured by a total of six FESTO provided fluid muscles: 
- two DMSP-10 type fluid muscles for motioning the θ1 -

joint with a length of 120 mm and maximal force of 
approx. 230N; 
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- two DMSP-20 type fluid muscles for motioning the θ2 - 
joint with a length of 115 mm and maximal force of 
approx. 670N; 
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- two DMSP-10 type fluid muscles for motioning the θ3 -
joint with a length of 140 mm and maximal force of 
approx. 260N. 

The muscles are capable of contracting to 80% of the 
overall length under a provided 6-ba-ressure. The actuating of 
one joint is achieved through two of the muscles under 
implication of the antagonistic connection principle [4]. Each 
of the legs is attached to the body in a 60° angle (Fig. 1). The 
body features following dimensions: length approx. 500 mm, 
width 250 mm and height 300 mm. For the eventual variant of 
the robot a weight of about 12 kg is pursued.  

III. ROBOT KINEMATIC EQUATIONS OF MOTION    

In this paper, we consider a walking robot with six identical 
legs equally distributed along both sides of the robot body in 
three opposite pairs.  

 
Fig. 2 Link frame attachment to the 3 degrees-of-freedom leg 

 
Each leg consists of three links and three revolute joints as 

shown in Fig. 2. The link parameters of each leg are  denoted 
as follows: θi, (i = 1,2,3), are joint variables, and li , (i = 
1,2,3), are the lengths  of the links (Fig. 2). The first two 
(thoracic denoted by θ1 and hip denoted by  θ2) are orthogonal 
to each other, and the third (knee denoted by    θ3) is parallel 
with the second. In our previous paper [12], the Denavit-
Hartenberg convention was used for kinematic modeling. The 
inverse kinematics problem, i.e., the problem of finding the 
joint variables in terms of the top position was also solved. 
The inverse kinematics of the robot are used to obtain the joint 
angles for each of the legs from the desired changes in the 
robot heading and displacement and is essential for foot 
placement algorithms, trajectory planning, obstacle avoidance, 
etc.  Expressions for the two joint angles θ2 and θ3 as 
functions of the thoracic joint angle θ1 were also obtained in 
the form:  
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and H is the body height and s is the foot distance (Fig.2).  We 
also define the angle θ3adj as 
 

                        θ3adj :=  π/2 - θ3                          (3) 
which is used in the simulations, since θ3  is often grater than  
π/2. Angle θ3adj is the angle between the perpendicular with 
respect to axis x2 and axis x3. 
 

4. THE ACTIVE CAMERA CONTROL LAW 

In this Section, we consider the problem of controlling the 
motion of a tilt camera. We are dealing with a dynamic 
environment, and the control objective is to maintain the 
target being tracked in the center of the camera view. During 
this process, the acquired images are post-processed in order 
to retrieve the coordinates of the target with respect to the 
image plane (target offset). A simple kinematic model of the 
camera is developed which is used  for   the design of the 
camera feedback tracking controller.  
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig. 3  Dependence of the target coordinate yc on the tilt angle ϕ 
 

The proposed feedback control makes use of visual 
information only and does not need long-term prediction of 
the target motion motivated by the potential application in 
which the target motion is unknown in advanced and may be 
characterized by sudden changes. 
Since we want to track the center of the target, let q = [xc, yc]T  
be the target offset with respect to the center of the image. For 
the design of the tracking controller, we make the following 
assumption: The intersection of the tilt and camera axes 
coincides with the focus of the camera (Fig. 3).  

Let f be the camera focal length. The following equation 
holds for the dependence of image coordinate yc on the tilt 
angle ϕ.: 
 
                                )tan( ϕβ −= fyc                                 (4) 

β

φ 
f

yc 
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Differentiating (4), a kinematic model for the yc offset is obtain 
in form 
                             )(

)(cos 2 ϕβ
ϕβ

&&& −
−

=
fy c

                   (5) 

where the pan velocity ϕ& is considered as a control input. The 
term  depends on the instantaneous motion of the target with 
respect to the frame FrXrYr attached to the robot, and can be 
computed numerically (via finite difference) from (4). We 
propose a control law in the form 

β&

 
                                                               (6) 

cn ycu ϕϕ βϕ +== &&:
where cφ = cte > 0 and   is computed numerically.  

nβ&

In practice, the forward term  is only approximately 
known. In order to evaluate the effect of using an approximate 
value of  on the comportment of the closed-loop system, we 
apply (6) to the control system (5). The resulting closed-loop 
system is 
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where  ξ = -  is a bound function of time. β& nβ&

          Using  the  quadratic  positive  definite  function  
V = (½)yc

2, its derivative V along the solutions of (4) is 
obtained in the form 
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In this case, the objective of guaranteeing global boundedness 
of solutions can be equivalently expressed as rendering 

negative outside a compact region. Using the Young’s 
inequality  with k = 1, we obtain 
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Recalling that V = (½)yc
2, we conclude that )(tyc decreases 

whenever yc(t) is outside the  set S ,  
and hence yc(t) is bounded: 
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V. SIMULATION RESULTS 

Our model was simulated on a flat floor. The robot 
parameters were chosen to be (Table I).  

 
 

TABLE I 
LENGTH OF THE LINKS OF EACH LEG 

      link        1        2       3 
    length     0.07[m]   0.285[m]    0.31[m] 

 
The body length is d1 = 0.56m and body base b2 = 0.24m. 

During each stance the lateral distance between body and foot 
and the height of the body above the ground remain constant. 
The simulations are performed (for the support phase) for 
walking at a constant height H = l3 . For the simulations, we 
use the inverse kinematic solution to compute the joint angles 
of the leg based on the desired change in the longitudinal 
direction of the robot during the support phase of the leg. The 
simulation are performed in the case when the legged robot 
has to move forward for total of d=dmax = 0.208m The camera 
is mounted on the robot at a 0.5m from the ground. 

In this section, we present some simulation results in order 
to evaluate the effectiveness of the proposed control for the 
camera mounted on the robot.. For illustration, we consider 
the dependence of yc on the tilt angle φ. The available 
information is the yc offset observed by the camera in the 
image plane coordinate system. We assume a camera with a 
focal length of 3mm.We also assume that the point where the 
tilt axis intersects the camera axis coincides with the focus of 
the camera.  For the simulation purposes, the offset yc is 
evaluated directly in millimeters (mm) instead of pixel 
representation in order to avoid the transformation procedure 
related to the scaling factors (for a concrete camera) in the 
intrinsic camera calibration matrix. 

In the first simulation, the target is motionless and it is 
situated a distance of 2m from the robot. The angle β = 
0.25rad = cte (Fig. 3) which corresponds to the initial value 
of yc(0) = 7,5.10-4m.  Initially, the tilt angle φ(0) = 0. The 
control law was in the form (6) with  = 0. The gain cφ 
used in the control law was chosen to be: cφ = 150.  The 
camera successfully hunts the target and places it at the center 
of the image plane zeroing the offset yc. Evolution of the 
target offset yc along the y-axis in the image plane and 
evolution of the tilt angle φ (solid line) and angle β (dashed 
line) are shown in Fig. 4 and Fig. 5, respectively.  

nβ&

In the second simulation (Fig.6 and Fig. 7), we assume that 
the target is motionless, initially placed a 2m away from the 
robot, and  the legged robot is moving straight at a speed of 
0.1m/s = cte. 

VI. CONCLUSION AND FUTURE WORK 

In this paper, the mechanical description of a six-legged 
robot with fluidic muscles was presented. An algorithm that 
provides automated control of a tilt camera to follow a target 
and keep its image centered in the camera view has been 
proposed. The control scheme for target tracking uses visual 
information only (an offset vector defined in the image plane). 
Feedback camera control design and stability analysis have 
been performed. It should be noted that at present stage this 
paper must be regarded as a preliminary report of our 
research. The experimental legged robot is under construction. 
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Future work will involve developing of a robot dynamic 
model, dynamically-based motion control algorithms for 
tracking moving objects, and experimental results.   

In this case, can be calculated exactly, since the target is 
motionless. The initial condition are as follow: angle β(0) = 
0.25rad and the tilt angle φ(0) = 0 which corresponds to the 
initial value of yc(0) = 7,5.10-4m. The control law was in the 
form (3). The control gain cφ was the same as in the first 
simulation (c = 150). 

β&

 

 

ACKNOWLEDGEMENT 

This work was supported by ВУ–ТН–201/2006 Contract 
entitled “Research of a Modular Architecture for the Control 
of Mechatronic Elastic Multi-Link Devices”. 

Fig.4  Motionless target: evolution of the target offset  yc along the y-
axis in the image plane REFERENCES  

 
 [1] S. Cordes, K. Berns, A Flexible Hardware A Architecture for the 

Adaptive Control of Mobile Robots, 3rd Symp.  Intel. Robotic 
systems '95, 1995. 

 

[2] http://www.ai.mit.edu/projects/leglab /robots/ robots.html  
[3] Waldron, Kenneth J., Machines That Walk: The Adaptive 

Suspension Vehicle. The MIT Press, 1989. 
[4] K. Berns, V. Kepplin, R. Miller, M. Schmalenbach: Six-Legged 

Robot Actuated by Fluidic Muscles. In Proc. of the 3th Int. 
Conference on Climbing and Walking Robots (CLAWAR), 
2000. 

[5] V. Kepplin, K. Berns (September 1999) Clawar 99: A concept 
for walking behavior in rough terrain. In Climbing and Walking 
Robots and the Support Technologies for Mobile Machines, pp. 
509-516. Fig.5 Motionless target: evolution of the tilt angle φ (solid line) and 

angle  β (dashed line) [6] Dikov, А, S. Guergov, R. Dikov. Generalized Topological 
Model of the Dimensional Characteristics of Manipulation 
Subsystems of Industrial Robots with Open Kinematics 
Structure, 3rd International Conference “Research and 
Development in Mechanical Industry” RaDMI 2003, Herseg 
Novi, Montenegro Adriatic, 19-23 Sept., 2003 

 

 

[7] D. Murray and A. Basu, “Motion tracking with an active 
camera”, IEEE Trans. on Pattern Analysis and Machine 
Intelligence, pp. 449-459, 1994. 

[8] Dong-gil Jeong, Yu Kyung Yang , Dong-Goo Kang , Jong 
Beom Ra, “Real-Time Head Tracking Based on Color and 
Shape Information”, Image and Video Communications and 
Processing, Proc. of SPIE-IS&T Electronic Imaging, SPIE Vol. 
5685, pp.912-923,  2005. Fig.6  Motionless target and rectilinear motion of the robot at a rate of 

0.1m/s. Evolution of the target offset  yc along the y-axis in the image 
plane 

[9] M. Fujita, M. Veloso, W. Uther, M. Asada, H. Kitano, V. Hugel, 
P. Bonnin, J.  Bouramoué,  P. Blazevic, Vision, Strategy, and 
Localization Using the Sony Legged Robots at RoboCup-98, AI 
Spring 2000, pp.  47-56. 

 

 

[10] M. Vincze1, M. Ayromlou1, C. Beltran, A. Gasteratos, S. 
Hoffgaard, O. Madsen, W. Ponweiser1, M. Zillich1, A system to 
navigate a robot into a ship structure, Machine Vision and 
Applications (2003) 14, pp. 15–25. 

[11] M. Milushev, P. Petrov, K. Kostadinov, V. Zerbe,Mechanical 
Hardware and Kinematic Model of a Six-Legged robot Driven 
by Fluidic Muscles, 8th Magdeburg days of mecanical 
engineering & 7th MAHREG innovations forum, Magdeburg, 
10-11 October, 2007, pp.118-125, ISBN 978-3-929757-12. 

Fig.7  Motionless target and rectilinear motion of the robot at a rate of 
0.1m/s. Evolution of the tilt angle φ (solid line) and angle  β (dashed 

line) 
 



 

Dimension Computing of Rigid Group of Organism in 
Unknown Environment and Robot’s Perception of the 

Physical World Structure 
Blagoj Ristevski1, Violeta Manevska2, Elena Vlahu–Georgievska3, Nikola Rendevski4 

 
Abstract – In this paper we present the obtaining of sensor 

outputs, if the motor commands and the parameters which 
describe the organism’s environment are known. The organism 
is composed of an arm that is fixed to a basis. The arm is 
composed of four joints where there are some proprioceptive 
sensors. The arm has two fingers; each has an eye with 
photosensors. We perform a simulation to obtain the dimensions 
when the body changes, the environment changes and both 
change. 

Keywords: cognitive robotics, sensorimotor system, 
sensorimotor dependencies, dimension computing,  

I. INTRODUCTION 

In the robotics, a steady challenge is the objects position in 
the 3D space. A main problem is how the robot understands 
the space, what it happens in robot’s “brain”, what is the 
position and orientation of its parts (joints). Also, it is 
necessary to know how its joints should move and rotate to 
particular space position. The parts of a manipulator, joints or 
tools with which it works, as well as the other objects in its 
environment, are described with two attributes: position and 
orientation. 

In order to describe the position and the orientation of some 
body in the space, a coordinate system is added to that body. 
Afterwards, the position and the orientation of that coordinate 
system are described in regard to some referent coordinate 
system. Each joint can be observed as a rigid body in relation 
to the referent system. The position and the rotation are 
defined for each joint. A rotation matrix is used to describe 
the orientation of each robot’s eye. 

In the second section we describe the problem of inverse 
kinematics, i.e. how the controllable coordinates of each joint 
are obtained. In the following section, we depict the robot’s 
sensorimotor system.  The fourth section describes the robot’s 
organism and its environment. The results of the experiment, 
obtained by using MATLAB, are depicted in the Section 5. 
Finally, in the last section we provide concluding remarks 
about dimensionality computing when the robot’s body 
changes, the environment changes and both change . 
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II. INVERSE KINEMATICS 

To move the manipulator from one to another location, it is 
necessary to move every joint for particular distance in 
particular time. Most frequently, every joint starts and ends 
the movement simultaneously, so the manipulator’s 
movement seems coordinated. The method for computing of 
these movement functions is known as the trajectory 
generation. This problem of inverse kinematics can have one 
or more solutions or no solution at all. A system of 
transcendental equations should be solved. If controllable 
coordinates can be obtained with an algorithm, then the 
manipulator is solvable. As example, we will observe a 
robot’s planar articulated arm with four joints, fixed to rigid 
base. Let l1, l2 and l3 denote the joint lengths which are given. 
Let the last coordinate (x,y) and the angle value θ=θ1+θ2+θ3 is 
given [4]. Then, we can write the following equations system 
Eq. 1: 
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The controllable coordinates of each joint should be found, 

i.e. the angles θ1, θ2 and θ3 should be computed according to 
Eq. (1). But this is a mathematic approach.  

The next step is to answer the question how one robot 
realizes the reality, especially the representation of the body, 
the environment, the space, the objects and their attributes. 
Also, what conclusion the robot should obtain about 
computing of input-output dependencies, and the minimal 
number of parameters, which are necessary to describe its 
inputs and outputs. 

In this paper we show that there is a simple procedure 
which a robot can utilize to notice the differences between the 
body and the external environment. The robot can control its 
body, but its environment cannot. Also, it is shown that the 
“brain” of robot can infer the dimensionality of external 
physical space and the additional nonspace parameters 
necessary for describing objects attributes or entities, without 
any prior knowledge.  

For that purpose it is observed one simply organism which 
consists of an articulated arm, fixed on a base. At the end of 
each finger, there is a composite eye with many photosensors. 
Also, the organism has proprioceptive devices, which signal 
the position of the different arm parts. The environment is 
consisting of a set of lights. Signal transmission is provided 
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from the sensors to the brain, which controls the effectors, 
which move the arm.  

 The space environment can be divided into two parts. The 
organism has a total control over the first part (organism 
body). The organism has partial control over the second part 
which is called organism environment. There are two types of 
inputs. The first ones are called proprioceptive, and the second 
ones are exteroceptive. The body is stationery when the 
proprioceptive is constant, and the environment is stationery 
when the exteroceptive is constant. 

III. MATHEMATICAL MODEL OF SENSORIMOTOR 
SYSTEM 

An environment whose sets of state E is a manifold E with 
dimension e is considered [1] [2] [5] [6]. The set of all 
observed sensor inputs S is a manifold S with dimension s and 
the set of all possible outputs M is a manifold M with 
dimension m. Their dependences are given by Eq. 2: 
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According to standard mathematical tools with manifolds, 

the tangent space {dS} of S is considered in a particular 
point ),( 000 EMS ψ= . 

In the {dS} two natural subspaces are identified: 
- a vector subspace  of sensor input changes, 

determined only by the motor command changes and 
0}{ =dEdS

- a vector subspace  of sensor input changes, 
determined only by the environment changes. 
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The aforementioned can be described with Eqs. 3 and 4: 
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Their intersection is a manifold, too. 
In order to find the dependencies of defined entities’ 

dimensions, the term compensability is defined. The 
compensability defines a class of body movements with 
particular structure. When the body makes such movement, 
then its movement to return back to its original position is 
called compensating movement. If the body makes two 
consecutive compensating movements, then the global result 
movement is compensating, too.  This class of movement has 
a mathematical structure of group with identity element - 
stationarity. One element from this group is a compensating 
transformation of the exteroceptive body. In the same way a 
group of compensating transformation of the body-
environment system can be defined. The compensability 
implies that there is something common between particular 
body movement and particular environment movement. It 
could be stated that the body and the environment are 

incorporated in one entity called space. An approximation to 
space concept is made by sensorimotor approach [3]. Let 
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According to Eqs (5) and (6), the space of compensated 

movement has the dimension of T. The following equation 
applies to the dimension of these spaces: 
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To put it in a different way: d=p+e-b, where d=dim{dS} 

and b=dimT=dimψ(M0,E0). 

IV. ROBOT’S BODY AND ENVIRONMENT 

A case, when the organism is composed of an articulated 
arm fixed to a base, is considered. The arm consists of four 
joints. Each of the joints has five proprioceptive sensors. The 
arm has two fingers, and on each finger there is one eye. Each 
eye is composed of composite “retina” with 20 omnidirection 
photosensors. The environment consists of three lights (Fig. 
1). 

 
 
 environment 

(3 lights) 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig. 1 Robot’s articulated arm with 2 fingers and 2 eyes in an 
environment of 3 lights . 

 
The motor command that moves the organisms is 40 

dimensional vector. A 9-dimensional vector is jointed to the 
environment (the space position of the three lights). The 
values of sensor inputs (for exteroceptive and proprioceptive 
sensors) are obtained by using matrices and vectors by 
chance. The results of these accounts are made by using 
MATLAB [7]. The motor commands are simulated in the 
following way [6]: 
 

2 composite 
eyes 

robot’s 
articulated arm 
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where W1, W2, V1, V2, U1, U2 are matrices obtained from 
uniform distribution between -1 and 1, by chance, also and 
vectors μ1, μ2, ν1, ν2, τ1, τ2 .σ is arbitrary nonlinearity, in this 
case a hyperbolic tangent function. Ci,k are obtained by central 
normal distribution, whose variance could be conceived as the 
retina size, so the sensor changes are results from the eye 
rotation, which is from the same order as translation changes 
of the eye. In Eq. (8) the matrix Q contains the position of the 
joints, matrix P – position of the two eyes,  - the 
euler angles of i-th eye orientation, Rot – rotation matrix of i-
th eye, Ci,k – the relative position of k-th photosensor with 
respect to i-th eye, d – diaphragm blends of both eyes, L- the 
space positions of the three lights, θ - their illumination. Si,k

e 
presents sensor input of k-th exteroceptive sensor of i-th eye, 
Si

p – sensor input of i-th proprioceptive. M and E present the 
motor commands and control vector of environment, 
respectively.  

),,( ψϕθ ααα iii

V. RESULTS 

The 40 eigenvalues λi are obtained from covariance matrix 
of the 40 exteroceptive inputs, for 50 performed 
measurements. Then, the ratios between eigenvalue i to 
eigenvalue i+1 λi/λi+1 are calculated, where i is eigenvalue 
index. The maximum one of these ratios is found, which 
indicates the biggest change in the eigenvalue magnitude 
(Fig.2 - Fig. 4). The dimensions of the tangent spaces from 
this maximum ratio are obtained. From the Fig. 2, the 
obtained dimension b=4, in case when both the environment 
and the body change. 

Similarly, the maximum ratio of eigenvalues is found, in 
case only body changes, but the environment is stationary 
(Fig. 3). The last case is shown at Fig. 4 (only environment 
changes). 

From previous numerical accounts and from the graphic 
presentations of Fig. 2- Fig. 4, the dimensions are estimated: 
the body dimension (p), the environment dimension (e) and 
both (e). A relation between the dimensions of all defined 
entities should be found. It is shown that the dimension of 
compensated movements space is the same with the 
dimension of the space of the compensating movements (Eqs. 
(5) and (6)). For that reason the space of compensated 
movement has the dimension of T. The derived dimension of 
the rigid group (d) could be calculated in the following way: 
d=p+e-b=4+4-4 (the obtained dimensions depend on the 
motor command vector M and the environment vector E, 
which in our case are generated by chance). It could be 
concluded that the obtained dimension of tangent spaces is the 
same as the significant non-zero values. The maximal ratio 
between the i-th and the i+1-th eigenvalue, indicates the 
biggest change in the magnitude of the eigenvalues. 
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Fig. 2. Graphic presentation of the ratios λi/λi+1 when both, 

environment and body change. The dimension b=4. 
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Fig. 3. Graphic presentation of the ratios λi/λi+1 when the body 

changes. The dimension p=4. 
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Fig. 4. Graphic presentation of the ratios λi/λi+1 when the 

environment changes. The obtained dimension e=4. 
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VI. CONCLUSION 

In this article, we demonstrated a way of inferring the 
dependency between input and output of a robot, and a way of 
dimension computing, too. We have computed the dimension 
-the number of variables necessary to describe the 
environment (in our case it contained 3 lights). We made the 
dimension accounts for 3 cases: when the body changes, when 
the environment changes, and when both change. 

REFERENCES 

[1] A. Howard, G. S. Sukhatme, M. J. Mataric, “Multi-Robot 
Mapping using Manifold Representation”, IEEE International 

Conference on Robotics and Automation, pp. 4198-4203, New 
Orleans, Louisiana, April, 2004. 

[2] M. Gretzer, H. I. Christensen, “Should your robot do Lie 
Bracket Estimation?”, October, 2006. 

[3] R. A. Peters II, O. C. Jenkins, “Uncovering Manifold Structures 
in Robonaut’s Sensory-Data State Space”, IEEE-RAS 
International Conference on Humanoid Robots, IEEE, 2005. 

[4] V. Kumar, “Introduction to Robot Geometry and Kinematics”. 
[5] D. Philipona, J. K. O’Regan, J.-P. Nadal, O. J.-M. D. Coenen, 

“Perception of the structure of the physical world using 
unknown multimodal sensors and effectors”. 

[6] D. Philipona, J.K.O’Regan, J.-P. Nadal, “Is there something out 
there? Inferring space sensorimotor dependencies”, Neural 
Computation, 15(9), 2003. 

[7] www.mathworks.com 
 

 



 

Curiosity – A Base for Robots  
Learning and Development 

Elena Vlahu-Gjorgievska1, Nikola Rendevski2, Blagoj Ristevski3 

Abstract - The curiosity is drive that push individuals for 
learning and self-development. This is why scientists see 
curiosity as field for develop mental robotics.  

In this article we will do retrospective about robot curiosity 
and what is achieved in recent years.  

We will see curiosity drive as investigatory and manipulator 
on one hand and as exploratory on the other. There will be 
arguments about achievements of intrinsic motivation system as 
basic issue for robots learning (in which robot have to focus on 
situations which are neither too predictable or familiar, nor too 
unpredictable or situations where nothing can be learnt). Also 
there will be few words about the idea of reaching a learning 
goal by composing multiply simple machine learning methods 
which is basic idea of bootstrap learning. 

As a conclusion, everything points that curiosity is a drive 
which pushes the robot towards situations in which it maximizes 
its learning progress.  

Keywords - curiosity, anticipation, intrinsic motivation, 
intrinsic development, self-motivating, bootstrap learning. 

I. INTRODUCTION 

Curiosity is often referred as a drive whose satisfaction 
should generate positive emotions in the robot. Sometimes 
this type of learning is also referred as task-independent or 
task non-specific. During the years of research, curiosity is 
usually related to notions like: novelty, anticipation, surprise, 
exploratory behavior, interest, play.  

But often curiosity is treated as kind of emotion. In the 
study of Arbib and Fellous (2004), it is written about the 
understanding of emotions in their functional context, 
distinguishing two aspects in emotions: external (emotional 
expression for communication and social coordination) and 
internal (emotion for organization of behavior – selection, 
attention and learning) aspect.  

There is another aspect of seeing curiosity - like necessary 
drive to act and interact with the environment. 
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II. LATEST ACHIEVEMENTS IN ARTIFICIAL 
CURIOSITY 

An interesting way of seeing robots’ learning is bootstrap 
learning. Kuipers B., Besson P., Modayil J. and Provost J. are 
investigating how the foundations of spatial knowledge can 
be learned from unsupervised sensory-motor experience, 
relying on Piaget & Inhelders theory that common sense and 
hence most other knowledge is built on knowledge of few 
foundational domains such as space, time, action, objects, 
causality and so on. The basic idea is to reach a learning goal 
by composing multiple simple machine learning methods 
using weak but general learning methods to create the 
prerequisites for applying stronger but more specific learning 
methods. 

The lowest level problem is putting a learning agent in an 
unknown environment with unknown sensors and effectors. 
The results are showing that learning even an apparently 
simple sensory-motor skill requires a large number of distinct 
learning algorithms, constructing a lattice of different 
representations of the sensory and motor capabilities of the 
robot. On the other hand Self-Organizing Distinctive-state 
Abstraction (SODA) is a new method for automatic discovery 
of high level perceptual features and large-scale actions for 
reinforcement learning in continuous environments. SODA 
combines perceptual abstractions of the agent sensory input 
into useful perceptual features and a temporal abstraction of 
the agent’s motor output into extended high-level actions, 
thereby reducing both the dimensionality and the diameter of 
the task.  

It is valuable for a robot to know its current position and 
orientation with respect to its map of the environment. This 
allows him to plan actions and predict their results using its 
map. A paradigm example of bootstrapping learning is place 
recognition. Here, weak learning method provides 
prerequisites for an abductive method – topological map-
building. The experiment is built on the abstraction of the 
continuous environment to a discrete set of distinctive states 
and (assume is that) the agent has previously learned a set of 
features and control laws adequate to provide reliable 
transitions among a set of distinctive states in the 
environment. The place recognition problem is incorporating 
several different learning methods: unsupervised learning, 
supervised learning and includes learned topological maps.  

For an agent to learn about an unknown world, it must 
learn to identify the objects in it, what their properties are, 
how they are classified, and how to recognize them. In this 
bootstrap learning scenario, the learning agent acquires 
working knowledge of objects from unsupervised sensory-
motor experience. The representation of objects is constructed 
from dynamic sensor readings in four steps: individuation, 
tracking, image description and categorization. Dynamic 
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readings are clustered and the clusters are tracked over time to 
identify objects, separating them both from the background of 
the static environment and from the noise of unexplainable 
sensor readings. This learning process leads the agent to 
experience the indoor environment with significant amounts 
of dynamic changes. So, the agent learned to individuate and 
track dynamic object in the scene and created categorization 
of shape models.  

This article gave an important research direction – learning 
to use vision as a sensory modality. This kind of learning will 
straddle the developmental boundary. 

The next case that we are going to discuss about is 
implementation of a habit system that automatically executes 
actions based on internal and external context (“A habit 
system for an interactive robot”, Hsiao K., Roy D.). A robot 
system explained in this study is with both actions: habitual 
(actions based on concept) and intentional (actions performed 
in explicit service of a goal). 

Actually, internal context of this system is a set of factors 
such as maintaining the mental model and external context 
includes factors coming from the environment, such as motor 
heat levels, proximity to surfaces and utterances from 
humans. So, the habits in this system include taking actions to 
reduce motor heat, avoid collisions with surfaces and interact 
coherently with humans. 

The ability to interact with the environment is facilitated by 
robot’s object-tracking mental-model, implemented as an 
internal three-dimensional simulation of it’s environment. 
The result is a representation of objects in the robot’s 
environment, along with the representation of the position of 
the human partner and the robot itself. Ripley (the robot) 
deals with verbal interactions by parsing the speech, finding 
word referents within its current mental model. If the robot 
determines that the situation is clear, there is a single course 
of action to take, it does it - take the action or respond. If no 
unique referent is provided the robot responds with question 
to resolve the ambiguity.  

In this system curiosity refers to a drive that causes the 
robot to look around at various areas of the table and its 
surrounding environment. Having an up-to-date mental model 
is an anticipatory action that enables the robot to respond 
more quickly to requests from the human partner. If we 
compare this curiosity motivation with animal’s drive to stay 
aware of its immediate environment, periods of exploratory 
learning would be analogous to an animal playfully trying 
previously untested actions, or to learn more about relatively 
unfamiliar objects. Another Ripley’s behavior is spoken 
interaction. But, this interaction system is not very robust to 
interruption, so this allows all interaction-related actions to be 
completed before returning control.  

What is accomplished is interactive robot capable of semi-
autonomously assisting humans in various tasks. 
Conversational assistive robot is capable of learning about its 
environment and interspersing its own physical and mental 
needs with the desires of the interacting humans. 

An intrinsic developmental algorithm designed to allow a 
mobile robot to incrementally progress through levels of 

increasingly sophisticated behavior is described in “Bringing 
up robot: Fundamental mechanisms for creating a self-
motivated, self-organizing architecture” (Blank D., Kumar D., 
Meeden L., Marshall J.).  

In the described developmental process robot starts with a 
basic, built-in innate behavior, exercises its sensors and 
motors, uses the mechanisms for abstraction and anticipation 
and discovers simple reflex behavior. The key components for 
the developmental algorithm are the processes of abstraction 
and anticipation in the context of a model of motivation.  

In the first experiment the implementation of the intrinsic 
developmental algorithm is by using abstractions to govern 
neural network learning. The goal is to create an autonomous 
developmental learner based on neural networks. The robot 
will choose its own actions, initially based on its innate 
reflexes and eventually based on its internal motivations. 
Serious problem of neural network is that during repetition of 
similar sensor signals, a neural controller could get over 
trained on the appropriate behavior for some state and forgot 
how to respond appropriately other important states 
(catastrophic forgetting). In order to avoid this problem, in 
this case a network governor, an algorithmic device for 
automatically regulation of the flow of training patterns into 
the network, is used. This network governor is implemented 
as an RAVQ (resource allocating vector quantize), abstraction 
mechanism that can dynamically generate as many categories 
as needed for the given domain. A purpose of a governor is a 
training supervisor. Once training is complete, the network 
can stand alone to perform the tasks on which it was trained. 
The targets of the network are generated by the system so as 
to anticipate what movement follows from a set of sonar 
inputs; actually the hidden layer of the network must be 
making appropriate abstractions.  

Second experiment is about using abstractions to create 
purposeful behaviors. The approach is for the network to 
operate on higher-level representational patterns derived from 
the sensory data, rather than on the raw sensory data itself. 
These higher-level representational patterns are created by an 
appropriate abstraction mechanism interposed between the 
environment and the controller network, serving to insulate 
the network from the robot’s direct experience. In this 
experiment SOM (self-organizing maps) transforms the high-
dimensional sensory data into a single compact, low-
dimensional representation of the robot’s perceptual state. 
These more abstract representations are then used by the 
controller network to determine the robot’s next action. This 
self-organizing system is very different from that which a 
human might design, but it is exactly appropriate for the 
robot’s sensors and view of the environment. The elements of 
intrinsic developmental algorithm are abstractions generated 
by the SOM’s and used by the feed-forward neural network. 
Actually the network is trained on anticipated movements. 

These intrinsic developmental algorithms are designed to 
allow a mobile robot to incrementally progress through levels 
of increasingly sophisticated behavior. The base concepts 
(essential mechanisms) of these algorithms are abstractions, 
anticipations and self-motivations and the ultimate goal of 
this developmental robotics program is to design a control 
architecture that could be installed within the robot so that 
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when the robot is turned on for the first time, it initiates an 
outgoing, autonomous developmental process. 

Method proposed in study “Active lexicon acquisition 
based on curiosity” (Ogino M., Kikuchi M., Asada M.) is 
based on the estimation of the co-occurrence probabilities 
between the words uttered by a caregiver and the visual 
features that a robot observes. This is a lexical acquisition 
model which makes use of curiosity to associate visual 
features of observed object with labels that is uttered by a 
caregiver.  In this model the curiosity is based on the 
evaluated saliency and it affects to the selection of objects to 
be attended and changes the learning rate for lexical 
acquisition.  

The system learns lexicons on shapes and colors of an 
observed object through communication with a caregiver. The 
robot selects one salient object; it acquires the visual features 
on shapes and colors through visual sensors and utters labels 
from its own knowledge. At the same time caregiver teaches a 
label that corresponds to the visual feature of the object that is 
unknown to the robot. So, curiosity that the robot feels has 
effects on the selection of the object to be attended. It consist 
two kinds of saliency: the habituation – low saliency for the 
visual features that is always observed and high for features 
that is observed for the first time; and the knowledge-driven, 
characterized by acquired knowledge – high saliency for the 
visual features that is not associated with any other label that 
is already learned.  

What we can learn and conclude from this simulation 
experiment is that the learning model with curiosity acquires 
the given labels much faster then the simple Hebbian learning 
model and it shows better performance in the environment in 
which the number of exposed objects gradually increases. 
(Important is that the agent cannot associate the visual feature 
with the word uttered by the caregiver without understanding 
which feature the uttered word is intended and this is solved 
by associating the uttered label with the unlearned feature 
based on curiosity.) More important is that in this method the 
robot and the caregiver have joint attention. This experiment 
is only the beginning of investigations in this area. So, it gave 
us basics for developing this method to a real robot and 
combines other constraints such as grammar information. 

Intelligent adaptive curiosity is a drive which pushes the 
robot towards situations in which it maximizes its learning 
process, is explanation of curiosity in paper “Intelligent 
adaptive curiosity: a source of self-development” (Oureyer P.-
Y., Kaplan F.). They see curiosity as a mechanism of self-
development while the complexity of its activity 
autonomously increases. In such environment the robot focus 
on situations which are nor too predictable, nor too 
unpredictable. 

Important is that when a robot is put in a complex, 
continuous, dynamic environment it will be able to figure out 
by itself without prior knowledge which situations in this 
environment have a complexity which is suited for efficient 
learning at a given moment of its development.  

The simple algorithm is: at each time step robot chooses 
the action for which the predicted learning progress is 

maximal. So viewing the learning progress as an internal 
reward, leads to a classical problem of reinforcement 
learning. The idea of the improved algorithm is that instead of 
comparing the mean error in prediction between situations 
which are successive in time, to compare the mean error in 
prediction between situations which are similar. 

The machine for prediction of the robot is composed by a 
set of experts which are specialized in particular zones of the 
sensory-motor space, and each expert possesses a set of 
training examples, and each training example is possessed by 
only one expert. This set of examples is used to make 
predictions. Important is that at the beginning there is only 
one expert, and as new examples are added the expert should 
be split into two expert depending on some criterion (split 
when the number of examples is above threshold set to NS). 
But there is another criterion which decides how the set of 
examples is split in two parts which will be inherited by the 
new expert (finding a dimension to cut). The experiment of 
this algorithm shows a crucial result from the developmental 
robotics point of view. It allows a robot to autonomously 
scale its behavior so that it explores sensory-motor situations 
of increasing complexity and avoids being trapped exploring 
situations in which there is nothing to learn. The robot 
focuses first systematically on one kind of situations and then 
focuses systemically on another kind of situations. 

The goal of this paper is to present a mechanism which 
enables a robot to autonomously develop in a process that is 
called self-development. IAC (Intelligent adaptive curiosity) 
algorithm allows a robot to autonomously scale the 
complexity of its learning situations by successively and 
actively focusing its activity on problems of progressively 
increasing difficulty. This is the first method which allows a 
developmental robot to go throw all steps autonomously and 
without prior knowledge.  

In another paper of Oudeyer and Kaplan (Discovering 
communications) they use intelligent adaptive curiosity 
system as a cognitive architecture of the robot for 
development of communications skills. This system 
maximized only the expected reward, so problems related to 
delayed rewards are avoid, what makes possible using simple 
prediction system that later can be used in a straightforward 
action selection loop.  

The explained experiment is called “Playground 
Experiment”. This involves a physical developmental robot 
capable of moving arms, neck, cheeks and producing sounds, 
which is installed into a play mat with various toys as well as 
with pre-programmed “adult” robot which can respond 
vocally to the developing robot in certain conditions.  

What is shown is that more complex linguistic 
communication shares the same kind of special dynamics that 
distinguishes it from interaction with simple objects. Learning 
to predict the effects of the vocal outputs is different from 
predicting the effects of the motor commands directed 
towards non-communicating objects. Communication 
situations are characterized by such kinds of different learning 
dynamics. This doesn’t mean that they are more difficult to 
learn then how to interact with these objects.  

In this system crucial difference is that the cognitive 
machinery as well as the motivation system is not specific to 
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communication. Using complex reinforcement machinery 
brings biases which are specific to a particular method. While 
using such a method with intrinsic motivation system will be 
useful for the future research.  

 In the paper of Stojanov and Kulakov (On curiosity in 
intelligent Robotic Systems) they describe their understanding 
of curiosity based on thinking that it is better “a system to do 
something, rather than nothing”. So they think is good for the 
agent, if there is no specific goal, via the introduction of 
curiosity the agent to get rewards whenever it steps into the 
unknown, which would hopefully improve its world model 
and its performance on subsequent tasks. The model of the 
agent that they describe has a collection of inborn schemas 
that are self-motivated to get executed. So, the process is 
guided by the primitive internal value systems based on the 
satisfaction on agent’s drives, and one of them is curiosity. 
There are four critical mechanisms that guide agent’s 
development: Abstraction mechanism – which enables the 
agent to deal with more and more complex situations with the 
same or less cognitive effort; Thinking and planning 
mechanism – which hypothetically combines various previous 
experiences into new knowledge; mechanism that provides 
emergence of more complex inner value and motivational 
systems according to which new experiences are judged, 
foreseen and executed; socialization mechanism that enables 
the agent to interpret in a special way inputs coming from 
other intelligent agents. In this model agent’s interaction with 
the environment is represented by a graph with nodes and 
links (knowledge graph).  

In their opinion curiosity is part of the motivational system 
and it can only partially influence the decision for taking 
actions, or may provoke internal interest for thinking about 
certain parts of agent’s environmental knowledge (represent 
by a knowledge graph). So, curiosity would only maximize 
the learning curve of an agent equipped with a mechanism for 
reinforcement learning.  

In context of curiosity and understanding they are 
distinguishing two kinds of feeling of understanding in their 
agent architecture: feeling of understanding for the working 
memory and feeling of understanding for the whole agent’s 
environmental knowledge. In a particular situation, average 
confidence (of conceptual node within a distance of few links 
in knowledge graph) is used to judge the situation at hand. If 
the confidence is high enough, situation (represented in the 
working memory) seems to be well understood. If it is low the 
situation is perplexing. The feeling of understanding for the 
whole agent’s environmental knowledge is calculated as an 
average of confidence of all schemas in the graph. So, 
curiosity drive in this architecture is defined as proportional 
function of the both feelings of understanding. The purpose is 
to create a tendency to raise the confidence of the agents’ 
knowledge, because if the agent is generally perplexed it is 
hardly possible that it would learn something new. Only when 
the agent is confident enough in its current active knowledge, 
it is willing to continue to explore new situations and learn 
new things. 

But the agent can understand something if it can find 
connection of new experience with something, or some 

experience, that it already understood. In the term of the 
architecture (the writers explain), the percept will be 
understood if a connection can be found between current 
percept and some percept that are part of some already 
understood schema. So, the transfer of knowledge occurs 
when a good analogy-mapping has been made. New schemas 
are constructed between nodes of the knowledge graph, and 
the interconnectivity is increased. 

The most important characteristic of intelligence in 
explained architecture is expectations. Whenever the 
expectations are met, the agent does not have to bother what it 
will do next. The problem for the agent appears when it is 
surprised (by the detected mismatch between the expected 
and real percepts) and it has to figure out the solution for the 
situation. So, the curiosity drive has a function to increase the 
unexpectancy and uncertainty by adding new nodes in the 
knowledge graph (meaning something new to be learn) 
through imagination or thinking, or made by analogy-making.     

The purpose of the paper is about curiosity not to be treated 
as simple driving forces which pushes agent to do something 
but as an elaborated mechanism which is inseparable from the 
internal knowledge representation and as guide for the 
process of thinking and imagination.  

III. CONCLUSION 

What we can say as conclusion of this paper is that after a 
half-century of continued research, the artificial intelligence is 
still far from developing any type of general purpose 
intelligent systems. But there are a lot of successful 
experiments that gave hope and that should be the basic issue 
for developing such system.   

The main idea of integrating the curiosity in artificial 
intelligence is to recreate the world of a human infant, an 
entity with a sense of being, with a notion for exploring its 
environment, building a robot which develops.  
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Application of Statistical Simulation Using SPICE  
to Parameter Extraction of RF Transistor Models 

Elissaveta D. Gadjeva1, Vladislav P. Durev2 

Abstract –In the present paper, the possibilities of the PSpice 
simulator for statistical analysis are used to parameter extraction 
of RF transistor models. The measured S-parameters are 
introduced using frequency-dependent tables of EFREQ type. 
The error function is calculated using macro-definitions in the 
graphical analyzer Probe. The model parameters, which ensure a 
minimal error function, are also obtained in Probe. The 
implementation of the extraction procedure in the standard 
circuit simulator such as PSpice allows to use the extended 
possibilities of the input language for the RF model description, 
the powerful statistical simulation tool, as well as the goal 
function formulation and assessment in the graphical analyzer 
Probe. 

 
Keywords – High frequency transistor models, parameter 

extraction, S-parameters,  PSpice simulation 

I. INTRODUCTION 

The extended possibilities of general-purpose circuit 
simulators such as PSpice with respect to the input language, 
as well as the existence of powerful simulation tools, allow 
the application of such standard simulators to adequate 
modeling and simulation of electronic circuits. Behavioral 
SPICE models of high accuracy are developed, based on 
measured two-port parameters [1,2,3], as well as on datasheet 
parameters [4,5]. 

The high frequency transistor models are of great 
importance in computer-aided design of high frequency 
circuits. They allow the application of general-purpose circuit 
analysis programs for the RF circuit simulation in the 
frequency and in the time domains. A number of approaches 
are developed for the model parameter extraction using the 
measured two-port S-parameters, based on direct procedures 
[2,3,6,7], as well as on optimization parameter extraction 
procedures [8,9]. 

 In the present paper, the possibilities of the PSpice 
simulator for statistical analysis are used to parameter 
extraction of RF transistor models. The measured S-
parameters are introduced using frequency-dependent tables 
of EFREQ type. The error function is calculated using macro-
definitions in the graphical analyzer Probe. The model 
parameters, which ensure a minimal error function, are also 
obtained in Probe. The implementation of the extraction 

procedure in the standard circuit simulators such as PSpice 
allows to use the extended possibilities of the input language 
for the RF model description, the powerful statistical 
simulation tool, as well as the goal function formulation and 
assessment in the graphical analyzer. 

In this paper, a parameter extraction methodology is 
proposed for a simplified small-signal transistor equivalent 
circuit. The extraction procedure is realized using the OrCAD 
PSpice circuit simulator. The extraction procedure is realized 
based on the two-port S-parameters. 

II. EXTRACTION PROCEDURE USING MONTE CARLO 
SIMULATION 

The extraction procedure is realized using statistical 
analysis used as an optimization tool. The goal function is the 
difference between the measured S-parameters and the 
modeled S-parameters of the RF transistor equivalent circuit. 
The simplified small-signal equivalent circuit shown in Fig. 1 
is used, which is characterized by a good accuracy [8].  

The manufacturer’s S-parameters are measured at the 
corresponding bias point VCE and IC. The initial values for the 
parameters Gm , Rpi and Cpi are calculated using the transistor 
parameters β, fT, and the current IC using the equations [8]: 
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m

pi G
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m
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π
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2
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The phasors of the measured S-parameters are introduced in 
the PSpice model using frequency dependent sources of 
EFREQ type (Fig. 2). 
 

 
Fig. 1. Simplified small-signal RF transistor model 
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a) b) 

  
c) d) 

Fig. 2. Introducing the measured S-parameters in Capture 
 

  
a) b) 

Fig. 3. S-parameter determination of the RF transistor model 
 

a) 

 
b) 

Fig. 4. Equivalent circuit for tolerance definition of the Gm parameter 
 
The frequency dependences of the magnitude ijS& and the 

phase  are defined in the form of frequency-
dependent tables: 

2,1,),arg( =jiSij

        (frequency1, magnitude1, phase1) 
        + … 
        + (frequencyn, magnituden, phasen)   , 
where n is the number of frequency points. 

For example, the measured data for S21 of the transistor  
BFY90 in the frequency range 100MHz 500MHz at  
VCE = 10V and IC = 8mA, given in [8], are introduced in the 

model using the EFREQ element (Fig. 2c). The property 
TABLE has the form: 

÷

 
(100Meg,10.65,127) (200Meg,7.01,105) (300Meg,4.44,97) 
(400Meg,3.62,92) (500Meg,3.02,88)  
 
and the attribute MAGUNITS=MAG is selected. 

The S-parameters of the model are obtained in the form of 
node voltages of the circuit shown in Fig. 3, where 
Vg1=Vg2=1V [10]: 

 S11=V(1) ; S21=V(2) ; S12=V(1a) ; S22=V(2a) (2) 

The blocks BJT contain the small-signal equivalent circuit 
N shown in Fig. 1. 

The determination of the model parameters, which ensure 
the best fit of the simulated S-parameters to the measured 
data, is reduced to statistical optimization using Monte Carlo 
analysis of the OrCAD PSpice simulator. 

The parameters of the model elements are defined by 
tolerances and Monte Carlo simulation is performed. The 
difference between the measured and the simulated S-
parameters, is calculated in the graphical analyzer Probe and 
the error function ERR is obtained in the form: 

 ( ) 2,1,,
,

)()( =−= ∑ jiSSwERR
ji

m
ij

s
ijij  (3) 

)()( m
ij

m
ij SS &= ; )()( s

ij
s

ij SS &= , 

where  and  are the magnitudes of the corresponding 
measured and simulated S-parameters.  

)(m
ijS )(s

ijS

The variant, which is characterized by a minimal RMS 
value of the error function ERR, calculated for the 
investigated frequency range, ensures the best fit of the model 
S-parameters to the measured data: 
 
 EPS=min(RMS(ERR)). (4) 

 
It is obtained using post-processing of the simulation results 

in the graphical analyzer Probe. In order to obtain all 
parameters , i,j=1,2 in Probe, the circuits in Fig. 3a and 
Fig. 3b are analyzed simultaneously. The corresponding 
parameter values of the model elements, participating in the 
blocks, are to be the same during Monte Carlo simulation. 
This is achieved by defining correlated (LOT) deviations for 
the parameter values of the model. The PSpice simulator 
allows to define tolerance deviations for the passive (R,L,C) 
elements, but not for the controlling parameters of the 
dependent sources. In order to define tolerance deviation for 
the parameter Gm of the model in Fig. 1, the voltage controlled 
current source (VCVS) is represented equivalently by the 
circuit shown in Fig. 4a. The tolerance of model parameter Gm 
is applied to the resistor Rm. The corresponding PSpice model 
of VCCS is shown in Fig. 4b. The PSpice realization of the 
small-signal equivalent transistor circuit is presented in  
Fig. 5a. It is defined in the form of block (Fig. 5b). 

)(m
ijS
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a) b) 
Fig. 5. PSpice realization of the small-signal RF transistor model 

 

           Frequency

100MHz 200MHz 300MHz 400MHz 500MHz
RES(Rpi,875)

25.0

27.5

30.0

32.5

35.0
(100.000M,31.043)

 
Fig. 6. Determination of Rpi value in Probe 

III. DETERMINATION OF ERROR FUNCTION IN THE 
GRAPHICAL ANALYZER PROBE 

The minimal value EPS of the error function (4) is obtained 
using post-processing of the simulation results in the graphical 
analyzer Probe. 

The following macro-definitions are used fir this purpose:  
*Determination of S-parameters 
S11 = 2*V(1)-1 
S22 = 2*V(2a) 
S21 = 2*V(2) 
S12 = 2*V(1a) 
*Determination of the error function  
E11 = RMS(M(S11)-M(V(S_11))) 
E21 = RMS(M(S21)-M(V(S_21))) 
E12 = RMS(M(M(S12)-V(S_12))) 
E22 = RMS(M(S22)-M(V(S_22))) 
EPS=E11+E12+E21+E22 

After selecting the best variant N, the extracted optimal 
parameter values can be obtained in Probe using predefined 
macros [10]. For the resistor element it is in the form: 

RES(RR,N)=M(V(RR:1,RR:2)@N/I(RR)@N) 
A Monte Carlo simulation is performed with 2000 runs. 

The best fit corresponds to N=876. The optimal value for Rpi 
is calculated using the macro-definition: RES(Rpi,875) 

The obtained value for Rpi in the graphical analyzer Probe 
is presented in Fig. 6. The predefined macro for the capacitor 
element is in the form 

CAP(CC, N)=I(CC)@N/(V(CC:1,CC:2)@N*2*pi*frequency)) 
The macro-definition for the controlling parameter of 

VCCS Gm has the form:  
GM(GG,N)=M(I(GG)@N/V(v1,v2)@N) 

where GG is the VCCS name and V(v1,v2) is the controlling 
voltage. 

As a result, the extracted parameter values of the model are: 
Rpi= 31.04Ω , Cpi=6.42pF, Gm=1mho, RB =10Ω,  RB1=20Ω,  
CB=2pF, RE=1.78Ω, Cpk2=2.2pF, LE=1nH, LB=0.04nH, 
Co=0.06pF, Ro=9.3Ω. 

The simulation results for S21 of the model shown in Fig. 1 
with initial parameter values of the circuit elements are shown 
in Fig. 7 together with the measured data. The simulation 
results for S21 with extracted parameter values of the model 
after optimization are shown in Fig. 8. It is seen that a good 
approximation is obtained applying the extraction procedure 
using statistical PSpice optimization. 

IV. CONCLUSION 

An extraction procedure for RF transistor model parameter 
determination has been proposed in the paper. The parameter 
extraction is reduced to statistical analysis using standard 
circuit simulators such as OrCAD PSpice. The error function 
and the extracted model parameter values are obtained in the 
graphical analyzer Probe. 
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           Frequency

200MHz 300MHz 400MHz 500MHz101MHz
DB(V(S_21)) DB(S21m)

0

10
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2
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Fig. 7. Simulation results for S21 with initial parameter values: 

1- measured  2 - simulated 
 

           Frequency

100MHz 200MHz 300MHz 400MHz 500MHz
DB(S21m) DB(V(S_21))
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Fig. 8. Simulation results for S21 with extracted  parameter values 

after optimization 
1- measured  2 - simulated  
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Radio Frequency Power Bipolar Transistor  
Modeling and Simulation 

Iliya N. Nemigenchev1, Pesha D. Petrova2, Boyan D. Karapenev3  

Abstract – A radio frequency power bipolar junction transistor 
/BJT/ is modelled. A small-signal and a large-signal high 
frequency models are shown. A procedure for model parameters 
determining from data sheets is proposed. The effect of the 
collector current operating point, as well as of the base – 
spreading resistance, on the transistor characteristics is 
simulated. Simulation results are presented and discussed. 

 
Keywords – BJT high-frequency large-signal model, BJT high-

frequency small-signal model, Miller effect, simulation. 

I. INTRODUCTION 

Normally, for accurate power amplifier design and 
simulation in a frequency bandwidth and over high dynamic 
range of the output power, it is necessary to represent an 
active device in the form of the nonlinear equivalent circuit, 
which can adequately describe the electrical behavior of the 
power amplifier closed to the device transition frequency  

and maximum frequency , to take into account the 
sufficient number of harmonic components. Accurate device 
modeling is extremely important to develop electronic 
circuits. Better approximations of the final design can only be 
achieved if the device behavior is described accurately. For 
this reason, it is very important to develop and study 
appropriate high frequency power transistor models. If it is 
necessary to study power transistor amplifiers in terms of the 
physical phenomena, some complicated models, such as 
VBIC, HICUM, or MEXTRAM [1], [2], [3], [4], [5], [6] can 
be used.  But for computer-aided design and simulation 
purposes, some simplified models are more appropriated. 
However, they should depend on the mode of the device 
operation. Since there are two general types of BJT, and three 
principle modes operation (active mode, saturation mode and 
cut-off mode) for each, different models of the BJT are 
required in order to address the common applications. 

Tf

maxf
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II. NONLINEAR MODEL OF HIGH-FREQUENCY 
POWER BIPOLAR TRANSISTOR  

The modified Gummel-Poon nonlinear model of the bipolar 
transistor with extrinsic parasitic elements [7], [8] is shown in 
Fig. 1  
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Fig.1. Nonlinear BJT model with extrinsic linear elements. 

 
The hybrid – π equivalent circuit can model the nonlinear 
electrical behavior of bipolar transistors with sufficient 
accuracy up to about 20 GHz. The intrinsic model is described 
by the dynamic resistance diode , the total base emitter 

junction capacitance , the base-collector diode required 
to account for the nonlinear effects at the saturation, the 
internal collector – base junction capacitance , the 

external distributed collector – base capacitance , the 

collector – emitter capacitance C , and the nonlinear current 

source 

ebr ′

ce

ebC ′

cbC ′

cbC

( )cbeb u,ui ′′

bL

eL

. The lateral resistance and the base 
semiconductor resistance underneath the emitter are combined 
into a base-spreading resistance . The extrinsic parasitic 
elements are represented by the base bondwire and lead 
inductance , the emitter ohmic resistance , the emitter 

lead inductance , the collector ohmic resistance and the 

collector bondwire . The model in Fig. 1 describes 
accurately the electrical behavior of the transistor over its 
entire operating frequency range.  Nevertheless, this model is 
difficult to use because of the deficit of manufacturer’s data 
sheet information that is necessary to determine the model 
parameter values.  

bbr ′

er

cr

cL
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III. LINEAR HIGH-FREQUENCY POWER BIPOLAR 
TRANSISTOR MODELS 

A. High – Frequency Small - Signal Models 
 

The bipolar transistor linear operation at high frequencies 
can be adequately characterized by a Giacoletto equivalent 
circuit shown in Fig. 2.  
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Fig. 2. Giacoletto high-frequency small-signal model for bipolar 

transistor 
 
In a linear small – signal mode, all elements of the transistor 
equivalent circuit are considered constant, including the base-
emitter diffusion capacitance and differential resistance . 
The model parameters which are functions of the operating 
point can be obtained using commonly - available transistor 
data sheet information. The following procedure gives the 
values of the parameters for a model in Fig. 2: 

ebr ′

 
1. Choose the base – spreading resistance      bbr ′

Depending on the transistor power it is recommended [9], [10] 
to choose . ( ) Ω÷=′ 101bbr

2. Compute the base-emitter resistance at the operating 
point from 

ebr ′

 

FE
C

T
eb h

I
Ur =′                                       (1) 

 
where  is the thermal voltage,  the collector current at 

the operating point, and  is the dc current gain. 
TU CI

FEh
3. Determine the transconductance using mg
 

eb

FE
m r

hg
′

=  .                                      (2) 

4. Compute the capacitance  across the base-emitter 
junction by equation 

ebC ′

 

Teb
eb r

C
ω′

′ =
1

 .                                 (3) 

 
5. The internal part , and the external part  of the 

collector – base capacitance, are available on manufacturer’s 
data sheets. 

cbC ′ bcC

6. Use 

C

A
o I

Ur =                                    (4) 

 
to find the output resistance .  In the above equation  is 
the forward Early voltage. 

or AU

7. Choose the base and collector inductances 
The values recommended for and are up to 10 nH [11]. bL cL

Applying the Miller effect [12] for the bipolar transistor the 
simplified model shown in Fig. 3 can be synthesized. 
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Fig. 3. Simplified high-frequency small-signal model for bipolar 

transistor 
 

The following sequence can be applied to find the values of 
the equivalent circuit elements: 

 
- Compute the total collector-base capacitance by cC

 
cbcbc CCC += ′ .                            (5) 

 
- Determine the output resistance using or′
 

cT
o C

1r
ω

=′  .                                (6) 

 
- Compute the equivalent capacitance from 

eqebC ′

 
( omcebeb rgCCC

eq
)′++= ′′ 1  .               (7) 

 
The values of the remaining elements are identical with the 

corresponding Giacoletto equivalent circuit elements. 
 

B. High – Frequency Large - Signal Model 
 

To analyze transistor behavior in a large - signal mode it is 
assumed in the next considerations that the saturation mode of 
operation is unallowable. When the transistor is operated in 
the cut - off and active regions, it is necessary to compose two 
equivalent circuits: the first should correspond to a linear – 
active region, and the other corresponding to a cut – off 
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region. By using the voltage-controlled switches, two 
separated circuits can be united in a common model as it is 
shown in Fig. 4. 

 
r

r

r’

L L
b c

e

g um. b'e

bb'

b'e

0

b c

CC

S

S Cb'eeqTe

1

2 c<<

 
Fig. 4. High-frequency large-signal bipolar transistor model 

 
By applying a piecewise – linear approximation of the 

transistor transfer current-voltage characteristic, the current 
as a function of the driving junction voltage  

can be written as 
ebmugi ′= ebu ′
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where  ( ) .V,constU onBE 70==

In the active region the driving voltage  (S1 – 

on, S2 – on), and in the cut-off region,  (S1 – 
off, S2 – on), respectively. At the boundary of active region 
and saturation  In practice, most applications 
of BJT in saturation involve sufficiently large forward 
currents through each of the junctions that the linearized 
large-signal model for the diodes (e.g., Constant-Voltage-
Drop) is adequate. This leads to the equivalent circuit 
composed of two dc voltage sources  and 

 

( )onBEeb Uu ≥′

( )onBEeb U<′

(onBEeb Uu =′

u

( ) .UU onBECE =

( ) .V,sat 50≈
)

UU CECE =
It is necessary to take into account that the diffusion 

capacitance  and resistance  depend significantly on 
the driving signal amplitude by setting their averaged values 
in an active mode. The ,  and values for linear 

active region can be obtained using Eqs. (1), (2), and (7). For 
cut-off region of operation these parameter values are as 
follows:

ebC ′

,0

ebr ′

.0

ebr ′

C,

mg

eqeb

eqebC ′

gr meb =∞=′ = ′  The capacitance  

corresponds to the depletion capacitance of the reverse biased 
base-emitter junction and it is added to improve the model 
accuracy. 

TeC

The models in Figs. 3 and 4 are vastly simplified in 
comparison with the well-known models such as Ebers-Moll 
and Gommel-Poon models and their modifications. In 
addition, since the large-signal equivalent circuit includes 
voltage-controlled switches, it can be successfully used for 
three principal regions of operation. In order to raise the 
computation efficiency a suitable MATLAB code for model 

parameters determination is created. The implemented 
PSPICE BJT subcircuits, based on MATLAB calculation 
parameter values, can automatically be adapted to the mode of 
operation.  

IV. SIMULATION RESULTS 

The model parameter’s values of the circuits shown in Figs. 
2, 3 and 4 have been computed for 10 radio frequency power 
bipolar transistors. Moreover, the parameter values at different 
operating points of the transistors have been obtained. Some 
bipolar transistor characteristics have been simulated using 
PSPICE and MATLAB simulators. 

Simulation results of transistor voltage gain and upper 
cutoff frequency at different operating points and Ω=′ 1bbr  
are presented in Table I.  

 
TABLE I 

SIMULATION RESULTS WITH OPERATING POINT CURRENT 
VARYING  

 
Transistor Model Ic, A Au fh, MHz 

0,100 6,856 59,768 
2,110   16,744 24,450 Fig.2 
2,600   16,969 24,450 
0,100 6,856 74,230 
2,110   16,744 28,000 

BLW86 

Fig.4 
2,600   16,969 26,910 
0,100 6,358   138,400 
0,600   13,779 55,100 Fig.2 
0,885   14,899 50,800 
0,100 6,358 80,500 
0,600   13,779 33,840 

BLV21 

Fig.4 
0,885   14,899 30,900 
0,100 7,865   127,600 Fig.2 
0,196   11,386 82,730 
0,100 7,865 60,000 

2N3553 
Fig.4 

0,196   11,386 39,800 
 

The simulation results of Table I are related to the small-
signal model shown in Fig. 2 and to the large-signal model 
shown in Fig. 4. The results show the following general 
trends. For the same transistor at the same operating point the 
voltage gain for the models shown in Figs. 2 and 4 is 
identical. For both equivalent circuits, in Figs. 2 and 4, 
respectively the upper cutoff frequency decreases with the 
collector current operating point increasing. The results for the 
equivalent circuit in Fig. 3 coincide with the results for a 
large-signal model in an active mode of operation. It follows 
from the results that for larger power transistors the model 
taking into account a Miller effect should be preferred.   

Since the base – spreading resistance  can be chosen in 

the range 
bbr ′

( ) Ω÷=′ 101bbr , it is of interest to analyze how 
this resistance change effects on the bipolar transistor  
characteristics. Fig. 5 presents the BLW86 transistor output 
voltage as a function of the frequency with varying value of 
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base – spreading resistance . The results are identical for 
small - signal and large-signal in an active region models. It 
follows from Fig. 5 that the voltage gain decreases with base 
– spreading resistance increase. For example, if the resistance 
increases from  to 10  the output voltage decreases 

times. 

bbr ′

ΩΩ1
4771,

 

 

Fig. 6. Plot of upper cutoff frequency versus base – spreading 
resistance 

V. CONCLUSION 

The radio frequency power bipolar transistor models for use 
in CAD tools and procedure for determination of model 
parameters are proposed. The effect of the operating point, as 
well as, of the base-spreading resistance on the transistor 
characteristics is studied. The simulation results support an 
availability of the modeling approach proposed. The results 
allow the designers to estimate the effect of the model 
parameters on the BJT operation in difference regions and to 
take a correct decision.  

Fig. 5. Transistor output voltage as a function of frequency and base 
– spreading resistance 

 

Furthermore, the resistance value effects on the upper 
cutoff frequency. The upper cutoff frequency varying for 
three transistors as a function of the base-spreading resistance 
value is presented in Fig. 6. The simulation results in Fig.6 
correspond to the transistor models in Figs.3 and 4. It can be 
concluded from the results that as the base resistance value is 
increased, the upper cutoff frequency is decreased, i.e. the 
frequency bandwidth narrows. The increase resistance values 
from  to  causes the upper cutoff frequency 
decrease of 4,684 times for BLW86 transistor, of 4,811 times 
for BLY21 transistor and of 5,24 times for 2N3553 transistor, 
respectively. 

Ω1
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Equivalents of Optocouplers  
with a Photodynistor Photodetector 

Elena N. Koleva1 and Ivan S. Kolev2 

Abstract – Along with common optocouplers, such as 
photothyristor and phototriac, a circuit equivalent of a 
photodynistor optocoupler has been developed. Basic ratios have 
been derived, and application areas and circuits have been given. 
In this way the circuit element base of optoelectronics is 
enriched. 

Keywords – Equivalents of optocouplers, photodynistor 
photodetector, photodynistor optocoupler 

I. INTRODUCTION 

In scientific literature optocouplers with a photodynistor 
photodetector are not described. The photodynistor 
(photodiac) differs from the photothyristor since it can switch 
on when the anode voltage rises above the switch-on voltage. 
In addition, as it is with photothyristor, the photodynistor can 
be turned on in an optical way, by illuminating the LED. The 
photodynistor is turned off by decreasing the anode current 
below the hold current (IH). As we are not able to offer a 
development of a photodynistor and a photodynistor 
optocoupler, we will present the circuit equivalent of such an 
optocoupler.  

II. CIRCUIT EQUIVALENTS OF AN OPTOCOUPLER 
WITH A PHOTODYNISTOR PHOTODETECTOR 

A. The simplest circuit equivalent of an optocoupler with a 
photodynistor photodetector is shown in fig. 1. 

A photothyristor optocoupler О1, where the control 
electrode of the photothyristor is external, is used. Other 
suitable optocouplers are 4N39, H11C1. When the current 
across the LED is IF = 0, the photodynistor turns on when the 
anode voltage UA increases. In this case the switch-on voltage 
(Uon) is about 6 V and the voltage between the anode and the 
cathode of the photodynistor in a saturation mode is UAKsat ≈ 
0,75 V. To increase the switch-on voltage, the value of the 
resistor R2 must be increased. When the voltage UA <  Uon, the 
photodynistor can be switched on by the LED current IF. 

The photodynistor can be switched off by decreasing the 
anode current below the hold current (IH). 

 

The photodynistor control current is Eq. 1:  

                              
21 RR

UUI GKA
G +

−
=                                   (1) 

 

Fig. 1 
Then the switch-on voltage is Eq. 2:  

        VURRIU GKGon 1,67,0)1200150(10.4)( 3
21 =++=++= −    (2) 

   The disadvantage of the circuit in fig. 1 is that unless the 
photodynistor is not turned on, some current passes along the 
photodynistor control circuit. 

B. The circuit in fig. 2 does not have this disadvantage since a 
Zener diode VD1 is used as a threshold element. 

 
Fig. 2 
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The switch-on voltage of the photodynstor, when IF = 0, is 
Eq. 3:  
                                    (3) VUUU GKZon 47,03,31 =+=+=

The voltage in a saturation mode is UAKsat ≈ 0,75 V. 
The control current for the photodynistor, when IF = 0 and 

UA = 12 V, is Eq. 4:  

          mA
R

UUUI GKZA
G 3,5

150
7,03,312

1

1 =
−−

=
−−

=     (4) 

The circuits in fig. 1 and fig. 2 have unregulatable threshold 
switch-on voltage.  

The control current of the photodynistor is Eq. 5:  

                     
AFph

GKA
G RIR

UUI
+

−
=

)( 22

                       (5) 

Where Rph2 (IF2) is the resistance of the photoresistor of the 
О2 optocoupler. 

C. Figure 3 presents an optocoupler with a photodynistor with 
controllable switch-on voltage, by means of the LED current 
IF2 of the О2 optocoupler. 

 
Fig. 3 

The switch-on voltage can be determined by the expression 
– Eq. 6:  
                               (6) GKAFphGon URIRIU ++= ])([ 22

When the current across the LED IF2 increases, the switch-
on voltage decreases because the resistance of the Rph2  
photoresistor falls down. 

D. Figure 4 shows a circuit for the application of the 
optocoupler developed. 

This is a circuit of a controllable generator of exponential 
voltage pulses of about 4V amplitude. The threshold voltage 
of the photodynistor is 4V (the voltage to which the capacitor 
C is charged). 

The pulse-repetition rate from the generator is Eq. 7:  

     ms
U
UCRT

A

on 21
9
4.10.47.10.2.5,0...5,0 63 ==≈ −     (7) 

By means of the LED current IF the generations can be 
interrupted after turning on the photodynistor. 

In practice there are not only dynistors but also symmetric 
dynistors (triacs) operating with AC voltage (bidirectional 
switch-on elements). An optocoupler with a triac as a 
photodetector is not presented but it could be built on the basis 
of the circuits in fig. 2 and fig. 3. 

 
Fig. 4 

E. The circuit in  fig. 5 is a “mirror” circuit. The 
photodynistor optocoupler in fig. 2 has been used as a base. 

 
Fig. 5 

Each photodynistor switches on during the respective half-
period – during the positive half-period the photodynistor of 
the О1 optocoupler switches on, whereas during the negative 
half-period the photodynistor of the О2 optocoupler switches 
on. 
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F. The circuit in fig. 6 has a symmetric photodynistor built on 
the basis of the photodynistor optocoupler in fig. 3 and a 
phototriac optocoupler О1. 
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Fig. 6 

G. The symmetric photodynstor optocoupler in fig. 7 is 
analogous to that in fig. 6; however, the О2 optocoupler is not 
photoresistor but a FET optocoupler. 

In the latter two circuits the symmetric photodynistor 
optocoupler is built on the basis of a phototriac optocoupler. 

 

Fig. 7 
The control current for the circuits in fig. 6 and fig. 7 is  

Eq. 8 end Eq. 9:  

                            
)( 2FphL

GKA
G IRR

UUI
+
−

=                          (8) 

                          
)( 2FDSL

GKA
G IRR

UUI
+
−

=                           (9) 

In the circuits in fig. 6 and fig. 7 photodetectors for AC 
voltage operation – a photoresistor and a field phototransistor, 
are used in the О2 optocouplers. 

Application for bidirectional independently controllable 
optocouplers switched on by an optical input (by the LED 
current) or by increasing the anode voltage over the switch-on 
voltage. Furthermore, the switch-on voltage can be regulated 
remotely by the LED current of the second optocoupler.  

Development of generator, logic and control circuits, AC 
and DC relays, voltage relays. 

III. CONCLUSION  

Along with common optocouplers, such as photothyristor 
and phototriac, a circuit equivalent of a photodynistor 
optocoupler has been developed. Basic ratios have been 
derived, and application areas and circuits have been given. In 
this way the circuit element base of optoelectronics is 
enriched.  
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Reducing Switching Losses through MOSFET - IGBT 
Combination 

Vencislav C. Valchev1, Alex Van den Bossche,2 Angel St. Marinov3 

Abstract – This paper introduces a configuration aimed at 
switching losses reduction through a power leg constructed by 
combining a MOSFET and an IGBT. The combined use of these 
different switches leads to the turn-on losses reduction through 
the use of the faster freewheeling diode of the IGBT, and the 
turn-off losses reduction through use of the MOSFET’s lower 
losses because of the lack of tailing current, typical for IGBT’s. 
The introduced leg structure can be used to build single phase – 
full bridge invertors or three phase inverters. The proposed leg is 
realized, experimented and validated.  
 

Keywords – Switching losses, Losses reduction, Conventional 
inverters. 

I. INTRODUCTION 

In many applications where PWM controlled invertors are 
used, conventional means of reducing losses, such as soft 
switching [1,2] and resonance circuits [4,5,6,7] are 
inapplicable. Furthermore, in some of those applications such 
as motor control and distributed generation, where a 
significant part of the load (the motor in the first case and the 
grid in the second) is an inductance, losses from the 
freewheeling diode reverse recovery are a major part of the 
switching losses. This means that realizing the desired scheme 
with MOSFETs can introduce significant turn-on losses due to 
the poor quality of the MOSFET’s freewheeling body diodes 
and their high reverse recovery time. Using IGBTs on the 
other hand has disadvantage of increased turn-off switching 
losses due to the IGBT’s tailing current.  This paper 
introduces a configuration aimed at losses reduction through a 
power leg constructed by combining a MOSFET and an 
IGBT. The introduced leg structure can be used to build single 
phase –full bridge invertors or three phase inverters.  

II. PROPOSED MOSFET-IGBT POWER LEG 

The introduced topology’s main advantage versus the 
conventional MOSFET or IGBT topologies is the reduction of 
the total losses in the switches. When only MOSFET are used 
there are larger switching losses during the on stage due to the 
high reverse recovery of the MOSFET’s body diode. IGBTs 
on the other hand, have smaller turn on losses by the absence 
of a parasitic body diode and the opportunity of using a better 
freewheeling diode, but however they have larger losses 
during the off stage because of tail currents. By putting a 

MOSFET and IGBT in one leg the losses can be reduced 
combining the better properties of the two switches.  

The proposed topology is shown in Fig.1. It is a full bridge 
inverter consisting of combined IGBT&MOSFET legs.  

Fig.1 IGBT and MOSFET Bridge circuit. 
 

In the proposed scheme the MOSFETs – S1, S3 and their 
parasitic body diodes – D1, D2 are placed in the upper half of 
each leg and the IGBTs – S2, S3 and their incorporated diodes 
are placed in the lower half of the legs. The load Z connected 
to the output terminals is of resistive-inductive nature.  

The analysis in this paper is made only for the shown full 
bridge inverter. The same assumptions and conclusions 
however can also be made for a three-phase inverter for 
brushless DC control the topology is formulated in a patent 
[3]. The analysis of this topology is made only for one half 
period of the output inverted voltage assuming that the same 
can be implied for the other half. During the positive half of 
the output voltage – S4 is constant ‘on’ and is conducting the 
main current I1, while a PWM control sequence is applied on 
S1 in order to regulate the output. When S1 is turned-off, the 
diodes D2 and D4 provide an alternative path for the stored 
energy in the inductive part of the load. After ‘turning off’ S1, 
the diodes D2 and the transistor S4 continues to conduct. 

 
 

 
 

Fig. 2 Switch-on losses of pure MOSFET leg compared with IGBT& 
MOSFET leg switch-on losses.  1 Vencislav C. Valchev - Technical University – Varna, Varna 

”Studentska” №1, Bulgaria, E-mail: vencivalchev@hotmail.com 

2 Alex Vam den Bossche is with Ghent University, Belgium. 
3Angel Marinov is with Technical University – Varna, Varna 

”Studentska” №1, Bulgaria, E-mail: igdrazil@abv.bg 
 

In the proposed topology D2 and D4 are diodes incorporated in 
the IGBT’s package (or fast recovery discrete diodes), 
therefore the reverse recovery time will be much shorter in 
comparison with MOSFET body diodes. The MOSFET body 
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diodes are of parasitic nature and have a large reverse 
recovery charge. The recovery charge of the diodes in the 
IGBT packages is much lower, as shown in Fig.2. The 
switches S1 and S3 are the modulating switches that operate on 
high frequency – therefore getting most of the switching 
losses, but S1 and S3 are MOSFET’s which do not have tail 
currents, thus the turn–off switching losses are reduced 
compared to a topology build entirely on IGBTs – Fig. 3.  

 

 
Fig. 3 Switch-off losses of an IGBT leg compared with a combined  

MOSFET& IGBT leg. 
 

The total loss reduction of the MOSFET & IGBT bridge is 
shown in Fig.4 using the typical waveforms. The location of 
the IGBTs and the MOSFETs can be switched, placing the 
MOSFETs on the bottom and IGBTs on the top. The 
condition to be kept is: the MOSFETs are the modulating 
switches and the IGBTs are the conducting ones. 

 

 
Fig. 4 Switching losses reduction of an IGBT&MOSFET leg. 

III. ANALYTICAL COMAPRISON USING 
MANIFACTURER DATA 

In case of an IGBT and a MOSFET with identical ‘switch 
on’ times (which can be considered possible because of the 
switching-on processes of an IGBT and a MOSFET are 
almost similar), the difference between the switching losses of 
a pure MOSFET and a pure IGBT topology will be mainly 
concentrated in the added reverse recovery current of the 
freewheeling diode. The switched on losses due to the diode 
reverse recovery can be described as: 

 

⎥⎦
⎤

⎢⎣
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on
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dtdi
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Fig.5 Current of the switch during the turn-on transition 

 
where: 

rrP : power dissipation included by the reverse recovery 
charge of the diode. 

rrQ : reverse recovery charge of the diode. 

rrt : reverse recovery time. 

onI : output current at turn-on. 
Figure 5 describes the equation (1). For simplicity, we 

assume that the diode voltage drops after . rrt
First, in order to compare losses in the turn-on transient due 

to the reverse recovery time of a MOSFET body diode and of 
an IGBT incorporated diode, the data sheets characteristics of 
one MOSFET and one IGBT are used. The components are in 
the same power and price class. They are chosen so that they 
have similar conduction losses. The parameters of the two 
transistors are listed in Table I. 

 
TABLE: I 

PROPOSED COMBINED MOSFET-IGBT POWER LEG. 
 

IGBT MOSFET 
IRGP4062D Price:6,38€ STW26NM60 Price:8,94€

VCE=600V, IC=24A, 
VCE=1,65V 

VDS=600V, ID=19A, 
RDS=0,135Ω 

IGBT switching 
characteristics 

MOSFET switching 
characteristics 

td(on)=40ns td(on)=35ns 
tr=24ns tr=22ns 

td(off)=125ns td(off)=14ns 
tf=39ns 

Ic=24A, 
Vcc=400V, 
RG=10Ω, 
Tj=175oC tf=20ns 

ID=13A, 
VDD=300V, 
RG=4,7Ω, 
Tj=150oC 

IGBT incorporated diode 
switching characteristics 

MOSFET incorporated diode 
switching characteristics 

trr=89ns trr=560ns 
Qrr=4,3µC 

IF=24A, 
Tj=175oC Qrr=9µC 

IF=26A, 
Tj=150oC 

 
Although values for the different parameters of the IGBT 

and the MOSFET are given for different testing conditions 
(Table 1), comparison between the parameters can give a first 
view of the results where one or another of the components is 
used. The comparison is carried out using the data for the 
MOSFET’s and the IGBT’s diodes and applying respectively 
their reverse recovery time   and their reverse recovery 

charge  in (1). It is clear that using IGBT’s incorporated 
diode will reduce the reverse recovery losses almost twice 
compared to the MOSFET’s body diode. This shows that 
using combination of a MOSFET and an IGBT, where the 

rrt

rrQ
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IGBT’s diode is used to freewheel, the turn-on losses can be 
reduced significantly.  

Depending on the use of MOSFET or IGBT, the turn-off 
switching losses differ because of the presence of tail current. 
The losses during turn-off for both MOSFETs and IGBTs can 
be presented by the time needed to switch, toff, and the 
corresponding values of the voltage and current: 

   

offondcoff tIVP ..=
 
(2) 

 
The tail current is usually included in the turn-off time for 

the IGBT provided in the datasheet. Comparing the turn-off times 
shown in Table 1 it is clear that the MOSFET needs several times 
less time to switch-off than the IGBT. This shows that the 
MOSFET&IGBT combination inverter will have less turn-off 
losses than the pure IGBT topology, because in the combined 
scheme, switching losses are concentrated in the MOSFET.   

IV. EXPERIMENTAL VERIFICATIONS 

A. Conditions of the carried out experiments. 
For simplicity, the experiments are realized only for one 

combined leg MOSFET&IGBT. All results however can be 
applied as well as for circuits composed of such a leg, such as 
single phase full bridge inverters or three-phase inverters as long 
as the IGBT is used for conducting the load current and the 
MOSFET is used to for modulating the current.  

Figure 6 shows the tested topology of MOSFET&IGBT.. The 
load is a series connected inductor –L and resistor – R. When 
analyzing advantages of the MOSFET and IGBT combination, 
the load is connected between the common point of S1 and S2 and 
the negative supply point. In this scheme S1 is switched on and 
off and S2 is kept closed – Fig.6. In this situation when S1 is 
switched-on current I1 flows from the positive point of the 
supply, through S1, through the load and to the negative supply 
point. When S1 is switched-off the IGBT’s incorporated diode D2 
provides a path for the stored energy in L, thus conducting the 
current I2. By measuring the voltage drop on S1 and the 
current from the supply – I1, the reduction of turn-on losses 
because of the use of the “good” IGBT incorporated diode and 
the lack of tail current on turn-off in the MOSFET can be 
observed.  

 

 
Fig. 6 MOSFET and IGBT leg circuit to prove the loss reduction of 

the proposed MOSFET&IGBT leg. 
 

The structure that is shown Fig.7 is used to test turn-on 
losses with low quality MOSFET body diode such as in pure 
MOSFET topology, and turn-off losses with tailing current – 
such as in pure IGBT topology. The difference in the t set-up 
of Fig.7 compared with Fig.6 is that the R-L load is connected 
to the plus instead of the minus,  and  that  the  MOSFET – S1 
is kept closed and the IGBT – S2 is switched on and off. In that 
way, the current I1 flows in the following circuit: the supply’s 
plus, the load, the IGBT – S2 and the supply’s minus. The current 
I2 corresponding to the stored energy in L freewheels through the 
body diode of the MOSFET – D1.     

  
Fig. 7 MOSFET and IGBT leg circuit to show the disadvantages of 

the conventional approach. 
 

Using the above circuits and measuring the voltage drop 
across the IGBT and the supply current, verification results are 
obtained to compare the losses of: first – the proposed combined 
MOSFET&IGBT; second – the pure IGBT and third – a pure 
MOSFET topologies. The turn-on results of the IGBT – S2 can 
provide comparison between the combined use of IGBT and 
MOSFET and pure MOSFET topologies – considering that the 
turn-on of an IGBT is equivalent to that of a MOSFET. The turn-
off results of the IGBT – S2 can provide comparison between the 
combined use of IGBT and MOSFET and pure IGBT topologies 
– considering that the turn-on loss of diode D1 is negligible.   

B. Experimental results. 
The shown experimental results in Fig. 8 to Fig. 11 are 

obtained according to the above described conditions. Values 
for the applied DC source voltage, used load, transistors, and 
frequency of the control voltage are listed in the Table:II. 

 
TABLE: II 

EXPERIMENTED SET UP FOR MOSFET&IGBT POWER LEG, 50 KHZ 
Components value 

R 30Ω 
L 8,5mH 

S1,D1(MOSFET) STW26NM60 
S2,D2(IGBT) IRGP4062D 

 
Figure 8 shows the current waveform of the combined 

MOSFET&IGBT leg, while Fig. 9 shows the current waveform 
of the pure MOSFET topology. Comparing the two waveforms 
shows that the current peak on turn-on, due to the  reverse 
recovery of the freewheeling diodes, in the pure MOSFET leg is 
significant, while in the MOSFET&IGBT leg it is almost not 
present. In terms of losses this means a significant reduction in 
the MOSFET&IGBT leg compared to the MOSFET leg. 
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Fig. 8 Current waveform in a MOSFET&IGBT combined leg. Fig. 10 Turn-off current waveform in a MOSFET&IGBT leg. 

 

  
Fig.9 Current waveform in a MOSFET leg. Fig.11 Turn-off current waveform an IGBT in leg. 
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Comparison of nanocrystalline magnetic materials and 
ferrites used for power electronics transformers 

Vencislav Valchev1, Georgi Nikolov2

Abstract – The purpose of the paper is to present a practical 
comparison between ferrite and nanocrystalline magnetic 
materials used in power electronics. As an example a welding 
transformer is designed. Optimization of the windings is carried 
out to decrease the copper losses to meet the allowed limit. The 
obtained final results show that using nanocrystalline cores 
provides significant reduction in the size (volume) and weight of 
the core and of the component itself. For the calculated welding 
transformer the improvement in size is 66% and the 
improvement in weight is 55%. The advantage of the 
nanocrystalline core transformer is obtained because of the 
higher induction level of the material, up to 1.2 T in general. 
 

Keywords – Magnetic component design, Magnetic materials, 
Nanocrystalline magnetic materials. 

I. INTRODUCTION 

Nanocrystalline alloys are firstly developed to obtain great 
permeability. The outcome of nanocrystalline manufacturing 
processes suggests an alternative about the use of other 
materials in power electronics applications. In nowadays 
power electronics applications, the nanocrystalline materials 
are concurrent to power ferrites and amorphous materials at 
high frequency devices [1]. Diagrams, presenting the typical 

properties of some Soft Magnetic Materials in use in Power 
Electronics is shown in Fig. 1 [2] and Fig. 2 [5,7]. 

Combined with low magnetic losses, the great permeability 

(20 000 to 600 000 vs. 10 000 for ferrites) and high saturation 

induction (1.2T vs. 0.4T for ferrites) – the new nanocrystalline 
alloys prove to be a first-rate material for power electronics [3]. 
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Fig. 2. Loss comparison for ferrites 3F3 and nanocrystalline 

Vitroperm 500F, under square voltage, for variable duty ratio, from 
50 % to 5 % with a 5 % step, f=100kHz, Bpeak=0.1T; 0.2T [5,7]. 

The purpose of the paper is to give a practical comparison 
of the application of ferrite and nanocrystalline materials for a 
welding transformer. Thus, the obtained design results can be 
used to compare the advantages and the disadvantages of the 
two different materials for cores in power electronics. 

 
Fig. 1 Typical initial permeabilities and saturation inductions for soft 

magnetic materials [2] 

II. FERRITE CORE TRANSFORMER CALCULATIONS 

The calculations in this paper are based on the fast design 
approach, described in [4]. A welding transformer is 
calculated based on ferrite cores and on nanocrystalline cores.  

In the calculations natural air cooling is assumed. The 
welding transformer has the following input data: 

TABLE I 
INPUT DATA FOR THE TRANSFORMERS 

Primary voltage 300V 
Secondary voltage (no load) 60V 
Secondary voltage (during welding) 26V 
Secondary current (continuous) 150A 
Working frequency 100kHz 
According to the design methodology step 1 is choosing 

core material and size. This is done with the following two 
equations where the input data is substituted and the obtained 
results are: 

1Vencislav C. Valchev - Technical University – Varna, Varna 
”Studentska” №1, Bulgaria, E-mail: vencivalchev@hotmail.com 

2Georgi T. Nikolov - Technical University – Varna, Varna 
”Studentska” №1, Bulgaria, E-mail: nikolov_george@hotmail.com 
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tot
ch

Sa
A

cm
γ

 (2) 

where: 
A is a coefficient. For ferrites, A= (5–25)×106 if ach is in 

[m]; (A is in the range A=5–25 if ach is in [cm]); 
ach is the largest dimension of the component (the core); 
γ  is an exponent, characterizing the material and shape of 

the core, 3=γ . 

totS  is the total volt-amp rating of the component. 
The found parameter ach is used to select a core size. Using 

the data sheets, a core with a largest dimension higher then ach 
is selected. The core EE100/60/28 (2 pieces per set) is 
selected for the calculated example and the chosen material is 
ferrite grade 3F3 [5]. 

The second design step is finding the heat dissipation 
capability Ph of the selected core:  

  (3) h AP = k ab = 30W

where: 
Ak  is a coefficient; typical value is 2500 W/m2; for natural 

air convection. 
a and b are the two largest dimensions of the component, [m]. 
We assume a high frequency so that the core will not be 

saturated. In a well optimized design, the losses in the 
transformer are equally divided into copper Ph,cu and core 
losses Ph,fe: 

 Ph,fe = Ph,cu = 15W (4) 

This simple assumption is true when the magnetic material 
is not saturated and the core losses are proportional to the 
square of the induction and eddy current losses in the copper 
are low.  

Having found how much losses can be dissipated with the 
selected core, the peak induction Bp,g corresponding to the 
specific core losses in the given core grade is found from 
datasheets:  

 , , 374,3= =fe
fe sp v

c

P kWP
V m

 ⇒ , 0,12=p gB T  (5) 

where Vc is the volume of the chosen core. 
Then a simple check is done to prove that the found peak 

induction is lower than the saturation induction.  
Next step in the design is to find the number of turns for 

each winding: 

1 1
,

1 ;
2

ψ ψ ψ
= = = =
Φ

pp pp pp i
i

pp e pp e p g

VN N
A B A B V1

N (6) 

   1 29,03 ; 1,81= =N turns N turns

where: 
ppψ is the peak-to-peak magnetic flux linkage, [Wb]; 

Ae is the effective cross sectional area of the core. 
Ni are the number of turns of the i-th winding; 
Vi is the RMS value of the voltage across the i-th winding. 
As a result of the rounding up the secondary number of 

turns (N1=9 for the primary, N2=2 for the secondary), the 
secondary voltage is increased by about 11% to 67V, which is 
still acceptable. 

Finding the diameter of the wires is the next step. The 
copper losses are distributed the equally among the windings: 

 ,
,

2 ;ρ
π

≥ c T i i
i rms i

cu i

l Nd I
P

 (7) 

 1 21,25 , 5,97= =d mm d mm   

where: 

R0,i is the DC resistance of the i-th winding;   
Irms,i is the RMS current of the i-th winding; 
ρc is the electrical resistivity of the wire (resistivity of 

copper); 
lTi   is the mean-length-per-turn of the i-th winding. 
A practical wire diameter dp,iis selected, which is higher 

than the calculated by the previous expression value di  and is 
the next available wire diameter. The fact, that dp,i>di, results 
in reduced ohmic losses, allowing some eddy current losses, 
without exceeding the total allowed copper losses: 

 1 21,40 ; 6,30= =d mm d mm

0, ,I

  

Next step is calculating the actual ohmic copper losses: 

  (8) 
2

,
1

6,127 6,723 12,850
=

=

= + =

∑
all windings

cu ohm i rms i
i

P R

W

where: 
Irms,i is the RMS current of the i-th winding; 
Ni is number of turns of the i-th winding; 
pi is the number of wires in parallel (or the number of 

strands in a litz wire) 
ρc=23×10-9 Ωm at 100° C;  ρc=17,24×10-9 Ωm at 25° C. 
The last two steps in calculation of losses is finding eddy 

current losses and summing them all: 

 , 1 0, 438=cu eddyP W ;   , 2 2,166=cu eddyP W

 , 15, 454= =∑cu cu i
i

P P W  (9) 

A check is done whether the total copper losses are lower 
than the thermally allowed copper dissipation: 

  (10) cuhcu PP ,≤
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The check fails, so the design should be optimized. The 
choice of wire diameters and winding arrangements can be 
used as optimization parameters. 

 
Possible improvements are: 
1. If the design results in a single layer winding, the 

diameter of the wire can be increased in order to fill the 
layer completely, as far as it is tolerated by the 
creeping distance. If this trick is not sufficient, one can 
think of interleaving, where the secondary winding 
wound with thick wires (typically 2 times the 
penetration depth or more) is sandwiched by two 
primary windings of a lower diameter. 

2. If the design results in two or more layers, then it is 
useful to use pi wires in parallel to reduce the eddy 
current losses. In this way, the diameter of the wires 
can be diminished with a factor ip and thus eddy 
current losses reduced. Special care should be taken to 
make sure that the current in the wires is almost equal. 
This is usually obtained by symmetry.  

3. A special case of paralleling wires is Litz wire [6]. In 
this case pi becomes the number of strands.  

 
Check the Copper Filling Factor 
A check is done in the last step to prove that the core 

window area Wa is large enough to fit all the windings. We 
assume a copper filling factor kcu=0.4 for round conductors 
and kcu=0.2 for Litz wire and check the inequality:  

2
,

1
; 76,199 768.345

4=

≤ ≤∑
n

i p
i i cu a

i

d
p N k W

π
 (11) 

In this case the window is large enough to accommodate 
both windings easily. 

Choosing a smaller core (E80/38/20) and using the best of 
the above optimizations results in 25% more losses than 
allowed. Thus, such a design is not possible because of the 
thermal problems. 

The results from the carried out optimizations of the 
windings with the core EE100/60/28 are presented in the 
Table III in Section IV. In the same section, the comparison 
with the results obtained for the nanocrystalline-based 
transformer is made.  

III. NANOCRYSTALLINE CORE TRANSFORMER 
CALCULATIONS 

The same calculations as in the ferrite core section are 
repeated for the transformer based on a nanocrystalline core.  

Using the first step calculations the core FINEMET® 
F3CC016A (4 pieces per one set) is selected [7].  

The heat dissipation capability Ph of the selected core is:  

  (12) 10,85h AP = k ab = W

Again, losses in the transformer are equally divided into 
copper and core losses: 

 , ,   5,425= =h fe h cuP P W  (13) 

Choosing material with lower losses at the given frequency 
results in affording a higher magnetic induction: 

 , , 375,04= =fe
fe sp v

c

P kWP
V m

 ⇒ , 0, 20=p gB T  (14) 

Using higher magnetic induction leads to decreasing the 
number of turns: 

 1 26,818; 1,364= =N N turns   

So, 6 turns for the primary and 1 for the secondary are 
chosen. Having found the number of turns, the diameter of the 
wires can be calculated: 

 1 1

2 2

1,558 1,6
5,890 6,3

= ⇒ =
= ⇒ =

d mm d
d mm d

mm
mm

 

Determining the copper losses is the next step: 

  , 4,944=cu ohmP W

  , 1,975=cu eddyP W

 6,919=cuP W  

The check fails again, so optimization is necessary. 
The problem to be solved is the total copper losses which 

should be lower that the allowed. The optimization is based on 
the same approaches like for ferrite cores. The results from the 
optimizations are presented in the tables in section IV.  

IV. DESIGN RESULTS AND SPECIFICATIONS FOR 
FERRITE AND NANOCRYSTALLINE BASED 

TRANSFORMERS  

The final design is carried out for: 1. ferrite core 
EE100/60/28 and 2. for nanocrystalline core F3CC016A, 
using the following winding arrangements (cases): 

Case 1: 
All parameters are according to the calculations given in the 

sections II. and III. 
Case 2: 
The calculations are carried out with increased diameter the 

wires and few wires in parallel. 
Case 3: 
The calculations are carried out using Litz wires. 

 
TABLE II 

WINDING ARRANGEMENTS CALCULATED FOR  
THE DESIGNED WELDING TRANSFORMER.  

Ferrite Nanocrystalline  

d1 d2 p1 p2 d1 d2 p1 p2 
Case1 1,4 6,3 1 1 1,60 6,30 1 1 
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Case2 4,0 6,3 1 2 2,80 6,30 1 2 
Case3 0,10 0,10 2625 10500 0,071 0,071 2835 10500

TABLE III 
LOSSES IN THE COPPER FOR THE DIFFERENT WINDING ARRANGEMENTS 
CALCULATED FOR THE DESIGNED WELDING TRANSFORMER, BASED ON 

FERRITE CORE EE100/60/28.  

279 

Ferrite  

Pohm,1 P ohm,2 Peddy,1 P eddy,2 Ptotal 
Case1 6,127 6,723 0,438 2,166 15,454 
Case2 0,751 3,362 1,253 4,332 9,698 
Case3 0,534 0,991 2,343 4,885 5,876 

TABLE IV 
LOSSES IN THE COPPER FOR THE DIFFERENT WINDING ARRANGEMENTS 
CALCULATED FOR THE DESIGNED WELDING TRANSFORMER, BASED ON 

NANOCRYSTALLINE CORE F3CC016A.  

Nanocrystalline  

Pohm,1 P ohm,2 P eddy,1 P eddy,2 Ptotal 
Case1 2,573 2,371 0,919 1,056 6,919 
Case2 0,840 1,186 1,410 2,012 5,447 
Case3 0,461 1,778 0,269 0,29 2,798 
 
The comparison of the size and weight of the two 

components is done using the following dimensions and 
parameters: 

TABLE V 
COMPARISON BETWEEN THE DESIGNS 

 Volume Area Core 
weight 

Copper
weight

Total 
weight

cm3 cm2 kg kg kg 
Nanocrystalline 67,5 43,4 0,492 0,119 0,611 
Ferrite 202,0 120 0,986 0,406 1,392 
Improvement by 66,6% 63,8% 50,1% 70,6% 56,1% 

V. CONCLUSION 

This paper presents a practical comparison between ferrite 
and nanocrystalline magnetic materials used in power 
electronics. The carried out calculations in the design of the 
welding transformer based on ferrite cores and on 
nanocrystalline cores show that using a nanocrystalline core 
leads to a much lower component size (volume) and weight. 

The thermal calculations show that optimization of the 
winding diameters is necessary to decrease the copper losses 
and to meet the allowed limit. The three different winding 
arrangements are calculated and the obtained results are 
discussed.  

For the calculated welding transformer the improvement in 
size is above 60% and the improvement in weight is above 
55%. The advantage of the nanocrystalline core transformer is 
obtained because of the higher induction level of the material, 
up to 1.2 T in general.  

Although using such a thick wire for the secondary winding 
6mm, having only one turn (two conductors in parallel) makes 
it possible for realization. Using Litz wires results in lower 
loss, but it leads to the higher price and worse thermal 
conditions (possible hot spot at the middle). Thus, Litz wire 
design is not appreciated in the considered power. Another 
case, which is not covered in this paper, is using foil 
conductors. Calculating losses in such conductors is done by a 
different methodology and is not in the scope of the paper, but 
for the next research of the authors. 

 
Fig. 3. Dimensions for the used cores.  

Above F3CC0016A, bellow EE100/60/28 
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Development and Spice Simulation of Current Mode 
Control System for Multiphase Full Bridge Transistor  

DC-DC Converter 
Georgi Tz. Kunov1, Elissaveta D. Gadjeva2, Marian N. Popov3,  

Nedjalko T. Todorov4 

Abstract – A multiphase full bridge transistor DC-DC 
converter with PPhM (pulse-phase modulation) and current 
mode control system is developed and simulated in the present 
paper. Using programmable logical inputs, the system can be 
configured  to control two, three, or four converters. The work of 
the control system with four-phase bridge transistor DC-DC 
converter is simulated using the OrCAD PSpice program. 

 
Keywords –Full bridge transistor DC-DC converter, Pulse-

phase modulation, Control system, PSpice simulation 

I. INTRODUCTION 

Multiphase DC to DC conversion is applicable when output 
current significantly exceeds the nominal current specified for 
each individual semiconductor in use. At the same time the 
ripple frequency equals the frequency of a single phase 
converter multiplied by the number of phases which reflects 
into smaller and less heavy filter components as chokes and 
capacitors. 

 This approach is well known from the SCR DC-DC era 
[1], when the semiconductor switching frequency limitation 
was a major factor. The significant clock frequency increase 
in the modern CPUs, recently put a lot of pressure to decrease 
the supply voltage and therefore to enormously increase the 
supply current. To meet these new requirements the IC 
manufacturers came up with specialized chips supplying 
multiphase control to DC-DC converters. A typical example is 
Texas Instruments TPS40090 [2]. A typical feature of all 
these ICs is that they are all designed for parallel operation of 
multiphase Buck converters. 

In the present paper a multiphase bridge DC-DC converter 

is developed, based on current mode Phase Shifted PWM DC-
DC converter with a transformer output and a current-double 
rectifier [3]. 

II. CURRENT MODE CONTROLLED PHASE SHIFTED 
FULL BRIDGE INVERTER WHITH CURRENT-

DOUBLE RECTIFIER 

The DC-DC converter from [3] is based on voltage control. 
Paralleling the outputs is done by active current sharing using 
a specialized IC - UC 3907 and the multiphase principle is 
difficult to be realized.  

In [4], [5] and [6], charge current mode control with Buck 
DC-DC converters is revealed. Appling the same approach on 
Phase Shifted PWM bridge converter with current-double 
rectifier will be discussed next. 
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Fig. 1.  Principle of operation of  current mode Phase Shifted PWM 

bridge transistor inverter  
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 Phase Shifted PWM bridge inverter basic principle of 

operation is shown in Fig.1. Clock signal Clk_A feeds a T-flip 
flop which outputs Q nd  a Q  used for driving of one inverter 
leg (GA1 и GA4). The same signals are also used for 
synchronization of another externally clocked R-S flip flop 
which outputs the second leg gate drives based on ChC_A 
(Fig.2).  

Externally clocked R-S flip flop schematic diagram is 
shown in Fig. 3. and Q Q  are inverted to each other and are 
meant to drive the second inverter leg (GA2 и GA3). 

ChC_A is generated at the peak of the rectified output 
current (Fig. 4). 
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Fig. 4. Current mode Phase Shifted PWM full bridge transistor inverter 

 
Phase shifting between GA1-GA4 and GA2-GA3 (waved 

areas in Fig. 1) is a function of the following parameters: 
choke value LA, load impedance Rout and the output current 
reference. TXA_s is generated in the transformer secondary  
coil TXA.  

A charge current mode controller is illustrated in Fig. 5. 
Rectifier output current is tracked across a sending resistor 
Racs. Current to voltage converter GCSA charges capacitor 
CAch up to a voltage proportional to the integral of the output 
current for the time while it is rising.  Switch SA is open for 
the duration of this time and is closed while the current is 
falling thus shorting capacitor CAch. Control to SA is given 
by U1A, U1B and U2A. As soon as capacitor Cac is charged 
up to the reference voltage +Vref, comparator U3A generates 
ChC_A which clocks the R-S flip flop (Fig. 2). 

III. FOUR-PHASE CURRENT MODE CONTROLLED 
PHASE SHIFTED FULL BRIDGE INVERTER WHITH 

CURRENT-DOUBLE RECTIFIER 

Four-phase full bridge DC-DC converter is controlled by 
current mode Phase Shifted PWM system. Its principle of 
operation is illustrated using the timing diagrams shown in  
Fig. 6. Its topology is made of four identical stages similar to 
the one in Fig. 4. These are indexed A, B, C and D just for the 
purpose to make difference for the PSpice simulator.  
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Fig. 5. Charge current mode controller diagram 

 
The same indexing applies to their components as well. 

Each converter has its own charge current mode controller as 
shown in Fig. 5. 

Clk_A, Clk_B, Clk_C and Clk_D pulse sequence is 
generated by a quad clock as the time between two 
neighboring pulses equals the master period divided by the 
number of phases. Fig. 7 shows how these pulses take part 
into the bridge gate drive sequence. 

The first two components (U1 and U2) match with those in 
Fig. 2. Their functional inputs and outputs carry the suffix A 
and are meant to control the first DC-DC converter (A).  U1 
and U2 are considered master controllers as the rest (U3 
through U8) are following them. U1 and U2 phase is 0 as the 
rest controllers are synchronized against them through GA1 
and GA4 which are applied to R and S inputs of R-S flip flops 
U3, U5 and U7. 
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Fig. 6. Four-phase full bridge DC-DC converter with current mode 

Phase Shifted PWM timing diagrams 

Clk_C

GD4

GA3

GD2

GC4

ChC_A

Clk_B

U4

CLK

R

Q

Q

S

GB1

GC3

GD3

GC2

GA2

U7

CLK

R

Q

Q

S

GB4

GA1

ChC_C

GA4

GD1

U3

CLK

R

Q

Q

S

ChC_D

ChC_B

U5

CLK

R

Q

Q

S

GB2

GC1

U1

CLK

Q

Q

U2

CLK

R

Q

Q

S

Clk_A

U8

CLK

R

Q

Q

S

GB3

Clk_D

U6

CLK

R

Q

Q

S

 
Fig. 7. Multi-phase Full bridge converter gate drive topology 
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Fig. 8. Programmable clock  

 
Clocks Clk_B, Clk_C and Clk_D set the beginning of each 

phase shifting which indicates when the output current begins 
rising after a fall in the corresponding DC-DC converter (B, 
C, and D). At the corresponding output current peaks, ChC_A, 
ChC_B, ChC_C and ChC_D are generated. These signals are 
clocking R-S flip flops U2, U4, U6, and U8 which are 
synchronized by GA1, GA4; GB1, GB4; GC1, GC4; GD1, 
GD4. 

The clock generating Clk_A, Clk_B, Clk_C and Clk_D 
timing sequence is illustrated in Fig. 8. Vth pulse source 
parameters are selected in such a manner that it generates a 
linear tooth-saw voltage. Phase sifting is set by a precision 
voltage divider R1, R2 R3, R4. Designed in this way, the 
topology features equal phase shifting in two, three and four 
phase systems. This is achieved by sequential commutation of 
switch pairs Sw1-Sw4; Sw2-Sw5; Sw3-Sw6. 

Timing diagrams in Fig. 9 illustrate the programmable 
clock operation. Simulation is done in OrCAD PSpice [7]. 
Four pulses are generated for the first period in accordance 
with Sw1-Sw4; Sw2-Sw5; Sw3-Sw6 commutation. Follow 
three, two and one.   

Figure 10 shows the output currents for each DC-DC 
converter and their summing across the load resistor. As seen 
on the timing diagrams, the most advantages with the 
multiphase DC-DC converters are: 
• average output current is four times the average current 

through one phase; 
• output current ripple is four times less than of a single 

phase; 
• output current ripple frequency is eight times higher 

than the transistors switching frequency. 
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Fig. 9 Programmable clock output timing Fig. 10. Four-phase full bridge DC-DC converter simulation results 
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IV. CONCLUSION 

A control system has been synthesized in the present 
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Modern Technology Application  
In Electro Industry Parts Production  

Stojance Nusev1, Igor Andreevski2, Dragan Temeljkovski3 

Abstract - Various plastic parts are used by the electro 
industry for many different types of elements, instruments, units 
and other applications. Paper presents TEKCAST spin-casting 
technology as a modern technology for parts production used in 
the electro industry. The advantages of this technology are the 
usage of an inexpensive non-vulcanized silicone rubber for mold 
making. Molds can be made and prototypes or development 
parts cast in as little as three hours (depends on the part design). 
This casting technology is used for materials with casting 
temperature below 538 оС such as polyurethanes, polyesters and 
epoxy resins of plastics, and also some other types of materials 
including zinc, zinc alloys, tin and lead alloys of metals. 
TEKCAST technology can be used for producing high quality 
plastic parts used in the electro industry with quality equivalent 
to those produced by pressure die casting and plastic injection 
molding. 
 

Keywords - TEKCAST spin-casting technology, 
electro/mechanical parts production. 

I. GENERAL CHARACTERISTICS 

TEKCAST technology provides complete in-house Spin-
Casting Equipment Systems and it can be used as a modern 
technology for parts production used in the electro industry 
[URL1].  

These systems are allowing economically production of 
many precise plastic and metal components - for prototype 
and product development, as well as, production 
requirements. This casting technology can be used for 
materials such as polyurethanes, polyesters, epoxy resins of 
plastics, and also for some metal alloys including zinc alloys, 
tin and lead alloys with casting temperature below 538 оС.  

TEKCAST technology in a huge amount is reducing the 
expenses for development and adoption of new products. This 
production technology also reduces time period from the 
moment when the production idea is formed until the moment 
when the product is launch to the market. It is ideal for 
quickly and economically producing numerous, fully 
functional parts in high strength metal or plastic from any 
fragile computer generated stereo lithography models. Today, 
because of its broad versatility, low cost and simplicity, the 
TEKCAST Spin-Casting System is frequently adopted by 
companies with no previous casting experience or equipment.  

Fig. 1 shows machine for implementation of TECKAST 
technology molding. Mold is placed between two plates, 
upper and bottom. Mold hollow is the place where melted, 
plastic or metal material, is cast. Mold rotates and produced 
centrifugal force helps in material transporting in the mold 
hollows. Bottom plate is under the influence of pneumatic 
cylinder, which keeps two plates strongly attached.  

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Melted plastic or metal 

Vulcanized 
rubber mold 

Mold hollow 

Upper plate 

Bottom plate 

Pneumatic 
cylinder 

Fig.1. TECKAST technology molding 
 

Molds used in TECKAST technology operation have 
maximal diameter of 762 mm and maximal thickness of 101.6 
mm. These mold characteristics are limiting maximal 
dimensions of the plastic and metal parts produced with this 
technology (Table I). 

Mold materials, molds can be made and prototypes or 
development parts cast in as little as three hours, or for 
complex parts, rarely more than one day. Design changes in 
size, function, fit or appearance are quickly reproduced 
without making or wasting a large investment in tooling or 

e. machine tim

1Stojance Nusev is with the Faculty of Technical Sciences,
I.L.Ribar bb, 7000 Bitola, Macedonia, E-mail: 
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igor.andreevski@uklo.edu.mk 

3Dragan Temeljkovski is with the Mechanical Faculty,
Beogradska bb, Nis, Srbija 

 
 
 
 

284 

mailto:igor.andreevski@uklo.edu.mk2
mailto:igor.andreevski@uklo.edu.mk2


TABLE I 
 

Mold diameter 
[ mm ] 

Part length 
[ mm ] 

Part width 
[ mm ] 

228 89 64 
304 127 102 
381 165 127 
457 229 165 
510 250 190 
610 292 203 
762 381 279 
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Fig. 5. Usual initial parts lead time required

 
Application of this modern technology is unlimited in 

various types of production industries. Spin-Casting can also 
be used as an alternative to plastic injection molding, using 
quick-setting liquid thermoset plastics and other types of 
materials for parts used in the many industries, including 
electro industry. Precision engineered industrial and 
electro/mechanical parts are now being produced by Tekcast’s 
advanced Spin-Casting technology (Fig. 2). Also, using this 
technology a broad range of both functional and decorative 
plastic parts using a variety of high-strength, commercial 
grade thermoset plastics are produced (Fig. 3). 

 

. 
Fig. 2. Precision engineered industrial                                                 

and electro/mechanical parts 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

 
Fig. 3. Commercial grade thermoset plastics 

 
This technology is used by some U.S. electric motor and 

blower manufacturers (Fig. 4a) and also cams and levers for 
electro-pneumatic controls of fork-lift trucks can be made 
trough these processes (Fig. 4b). 

 

  
Fig. 4a. Parts for U.S. electric motor and blower manufacturers 

 

 
Fig. 4b. Cams and levers for electro-pneumatic                         

controls of fork-lift trucks 

II. ADVANTAGES AND COMPARISON WITH      
OTHER AVAILABLE TECHNOLOGIES 

TEKCAST Spin-Cast technology offers fine detail and 
close tolerances, while saving time (Fig. 5) and major costs 
(Fig. 6) over competitive processes, with no tooling costs to 
amortize. 

TECKAST technology advantages compared to the other 
alternative production processes are given in the Table II, and 
in Figs. 5 and 6. 
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TABLE II 
 

PROCESS TEKCAST 
Spin-Casting 

DIE 
CASTING 

PLASTER 
MOLD 

CASTING 
SAND 

CASTING 
LOST-WAX 

INVESTMENT 
CASTING 

PERMANENT 
MOLD 

CASTING 
GRAPHITE 

MOLD 
CASTING  

PLASTIC 
INJECTION 
MOLDING 

Type Of 
Molds 
Used  

Vulcanized 
"TEKSIL" 
Rubber 

Machined 
Tool Steel Plaster Sand Ceramic Machined 

Iron, Steel 
Machined 
Graphite 

Machined 
Aluminum, 
Brass or 

Tool Steel 

 Type Of 
Casting 

Materials 

Polyurethane, 
Polyester, 

Epoxy, 
Pattern Wax, 

Zinc, 
Tin/Lead 

Zinc, 
Aluminum, 
Magnesium 

Most 
Nonferrous 

Metals 

Most 
Foundry 
Castable 
Metals 

Most Foundry 
Castable 
Metals 

Zinc, 
Aluminum, 
Magnesium 

Zinc 
Most 

Thermo-
Plastics 

Economical 
Ordering 

Quantities 
1 & Up 25,000* & 

Up 100 & Up 100 & Up 1,000 & Up 10,000* & Up 5,000 & Up 15,000* & 
Up 

Economical 
Part Size 
(Length or 

Width) 
<1/2" - 12" 

<1.25 - 30cm 
<1/2" - 24" 

<1.25 - 
60cm  

<4" - 36" 
<10 - 90cm

<3" - 36" 
<7.5 - 
90cm 

<1" - 24" 
<2.5 - 60cm 

<4" - 24" 
<10 - 60cm 

<4" - 24" 
<10 - 60cm 

<1/2" - 24"
<1.25 - 
60cm 

Economical 
Part Wall 
Thickness 

<1/8" - 1/2" 
.3 - 1.25cm 

<1/8" - 3/4" 
.3 - 2cm  

<1/8" - 1" 
.3 - 2.5cm 

<1/4" - 1" 
.6 - 2.5cm 

<1/8" - 1" 
.3 - 2.5cm 

<1/4" - 1" 
.6- 2.5cm 

<1/4" - 1" 
.6 - 2.5cm 

<1/8" - 1/2"
.3 - 1.25cm 

Casting 
Tolerances  Very Close Closest Close Lowest Very Close Loose Loose Closest 
Ability To 

Make 
Design 

Changes  
Easiest Very 

Difficult Difficult Easy Very Difficult Difficult Difficult Very 
Difficult 

Per Part 
Cost Very Low Lowest Very High Very Low Highest Low High Lowest 

 Usual 
Secondary 
Machining 
Required 

Very Little or 
None 

Lowest or 
None Low Highest Very Little or 

None Low Low Lowest or 
None 
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Fig. 6. Average cost of mold tooling
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III. CONCLUSION 

TEKCAST's development of its own high performance 
TEKSIL silicone rubber mold formulations opened the Spin-
Casting frontier to the use of industrial quality, commercially 
available plastics and metals. 

TEKCAST technology can be adopted as a modern way to 
manufacture variety plastic and metal parts used in the electro 
industry.  

The TEKCAST Spin-Casting system provides high 
precision, close tolerances and faithful reproduction of detail. 
It can be used with alloys, to produce high quality parts 
equivalent to those produced by pressure die casting. Spin-
Casting can also be used as an alternative to plastic injection 
molding, using quick-setting liquid thermoset plastics. It is 
also ideal for making wax patterns for investment casting. 

If we compare TECKAST Spin-Casting with technologies 
which are using single-application molds, t.e. sand-mixture 
molds (sand casting and lost-wax investment casting) [1], [2], 
we can mark following advantages: 

 There is no need for additional mechanical treatment 
of the products. 
 Molds can be used for many casting cycles, which is 

very suitable for the serial production cases. 
 Shorten time period from the start up of preparation 

processes (mold manufacturing) until first products are 
molded etc.  

Compared to the technologies which can use one mold for 
serial parts production (die casting, permanent mold casting, 
plastic injection molding), TECKAST Spin-Casting has the 
following characteristics: 

 Similar characteristics taking into consideration 
surface quality and dimensions accuracy of the products. 
 TECKAST silicone molds can be made by low-

qualification workers, for a short time period (from few 
hours to several days), and, which is very important, with 
much less expenses compared to above mentioned 
technologies. It is very important to point out that 
TECKAST casting equipment can be bought for the price 
which is equivalent to the price for only one complex 
mold for permanent mold casting or plastic injection 
molding. While plastic injection molding is economically 
justified only for large assembly-line production, 
TECKAST Spin-Casting can be implemented for serial 
production with much smaller number of produced parts. 
 TECKAST casting equipment can be placed in a 

very small space. 
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Research of Joint Operation of Hall Elements with 
Orthogonal Magnetic Sensitivity 

Nikola D. Draganov 1, Anatolii. T. Aleksandrov 2 

 
Abstract- Microelectronics development creates possibility 

for fulfilling of the industrial schemes with high input resistance, 
high stability of the output signal, low fading. But the problem 
stays connected with the optimization of the sensor block which 
transforms investigated physical entity to electrical signal.   

Hall elements are widely applied both in discreet and 
integrated circuitry. Various kinds of sensor systems are 
constructing on their bais.  Creating of new schemes including 
discreet Hall element is very interesting in galvanomagnetic 
sensoric and can contribute to increase of their applied 
effectiveness and improvement of parameters and operating 
characteristics.  

Various schemes for combined operation of two discreet 
Hall elements with parallel connected current circuit have been 
offered and investigated. Conversion characteristics and 
absolute and relative galvanomagnetic sensitivity have been 
shown. 

Keywords- Galvanomagnetig sensors, New magnetic sensors, 
Hall elements with orthogonal galwanomagnetic sensitivity. 

I. INTRODUCTION 

As input block of each system for measuring and detecting 
of magnetic field Hall elements find widely application and 
defy uninterrupted research interest [3, 5, 6]. Various kinds of 
sensor systems and devices are constructing on their basis. 
The combined operation of experimental samples of   the type 
VHE 101 in various circuits has been studied [1, 2]. Static 
conversion characteristics have been obtained and   absolute 
and relative sensitivity have been defined. Parameters widely 
change is achieved which expands their applicability in 
electronics. Creating and research of combined operation of 
two Hall sensors with parallel connected current circuits is 
very interesting. 

This paper deals with the research problems of new Hall 
elements circuit design with orthogonal galvanomagnetic 
sensitivity and parallel connected current circuits.  

II. PRESENTATION 

Schemes in case of combined operation of two 
galvanomagnetic sensors with parallel connected current 
circuits have been created and investigated. Using principled 
electrical circuit shown in Fig. 1a static conversion 
characteristics of experimental samples with parallel 
 

1Nikola D. Draganov is with the Technical University, H. Dimitar 
str. 4, 5300 Gabrovo, Bulgaria, E-mail: nikola_draganov@mail.bg 

2Anatolii T. Aleksandrov is with the Technical University, H. 
Dimitar str. 4, 5300 Gabrovo, Bulgaria, E-mail: alex@tugab.bg  

connected current circuits and free output leads have been 
measured. The power supply to the circuit is provided by the 
supply source US, the chain of resistors  RI, RS and parallel 
connected current electrodes 1 and 3  of Hall elements EH1,  
EH2. Current IS, controlling both Hall elements, is produced by 
the current generator, realized by means of high-resistance 
resistor RI. It is measured as a voltage drop across the 
measurement resistor RS. The using samples are choused with 
equal parameters and their controlling currents are accepted 
as equal. A Hall voltage is measured directly from Hall 
elements output leads 2 and 4. Resistors R1, R2, R3, R4 and 
trimmer potentiometer RP1, RP2 provide reset of the output 
drift. The family of experimental conversion characteristics 
obtained UH1=f(B), UH2=f(B) at T=const are shown in Fig 2a 
for  three values of the control current – IS=1mA, IS=5mA, 
IS=10mA and at flux density B=(0÷1,5)T, respectively. Their 
analysis shows that in case of parallel connected current 
circuit and free output electrodes symmetry and changes 
characters of conversion characteristics are kept. A reduction 
in the Hall voltage by reason of a sensors equivalent 
resistance decrease is observed and a better   linearity of the 
characteristics in comparison with that in classic circuit [1] is 
obtained. 

At low control current (IS=1mA) these results are most 
observable. At IS>5mA a linear section narrows but a 
characteristics slope decreases at weak magnetic field (-
0,5<B<0,5). 

Another principled electrical design with such kind of 
current supply and parallel connection of the output 
electrodes is shown in Fig. 1b. Both Hall elements` output 
electrodes are parallel connected and in such direction. An 
electrode 2 from EH1 is to electrode 2 of EH2  and electrode 4 
from EH1 is to electrode 4 of EH2 respectively. The output 
signal UO is measured between 2 and 4. The family of 
conversion characteristics UO=f(B) obtained by experiment at 
T=const and IS=1; 5; 10mA are shown in Fig.2b. 

Their analysis shows the same symmetry and 
characteristics change at both directions of applied magnetic 
field (B=0÷±1,5T).  The    output   signal   values   are   
almost   such   as   those in    classic circuit – 
UO=±(0,28÷2,1)V at B=1,5T and IS=(1÷10)mA. A decrease of 
the linear section on conversion characteristics is observed. 
At IS=1mA the linearity begins at flux density B=0,35T, and 
at IS=10mA - not until at B=0,85T. A combined operation of 
two elements in this circuit makes their parameters more 
stable. 

A principled electrical scheme with parallel connected 
input circuits   and parallel but in opposing direction 
connected output leads is shown in Fig. 2c. The output signal 
is measured directly between leads 2 and 4 of EH1. The  
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Fig. 2. Experimental conversion characteristics  
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Fig. 1. Experimental circuit of set 
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a) 

 
b) 

 
c) 

 
d) 

Fig. 3. Dependency of  SA and SR on B,   IS=const 

conversion characteristics UO=f(B), obtained by experiment at 
T=25oC and IS=1; 5; 10mA are shown in Fig. 2c. Their 
analysis shows again symmetry and characteristics` change 
typical to Hall elements. In spite of output signal low value 
(UO=(±18÷±125)mV) at  B=1,5T and currents change 
IS=(1÷10)mA  a widely linear section on conversion 
characteristic is observed. At IS=1mA this widening is at low 
values of magnetic field (B=0,2T). At IS≥1mA the linearity 
occurs at B=0,5T. The same results are observed at a negative 
field (B<0). 

Usually Hall elements are considered as a voltage source. A 
new scheme with serial connected output electrodes is shown 
in Fig. 1d. Now lead 4 from EH1 is to lead 2 of EH2.  

The output signal is measured between lead 2 of EH1 and 
lead 2 of EH2. The family of conversion characteristics 
UO=f(B) obtained by experiment, are shown in Fig. 2d at 
T=const and IS=1; 5; 10mA. Analysis shows the same 
symmetry and more wide linear section. The conversion 
characteristics` linearity at IS>5mA is observed at B≥0.5T and 
B≤-0.5T. At lower current (IS=1mA) the characteristic is 
linear at all range of magnetic field.  

On the basis of the conversion characteristics obtained, 
absolute SA and relative SR sensitivity have been determined 
[4, 5]:    
 

T
V

B
US H

A ,
Δ
Δ

=
    (1) 

 
 

AT
V

I
SS

S

A
R ,=

     (2) 
 

 
where: ΔUH – change in output voltage; ΔB - change in flux 
density;    IS – control current. 

A graphic interpretation of the functions SA=f(B), SR=f(B) 
at IS=const are shown in Fig. 3a, Fig 3b, Fig 3c for the 
circuits shown in Fig.1a, Fig 1b, Fig  1c, respectively. The 
analysis of the graphical dependences shows that greater 
sensitivity is obtained at low value of magnetic field. In case 
of circuit shown in Fig. 1b absolute sensitivity has a peak 
value 0,36V/T at IS=1mA but at IS=10mA it is 2,6V/T. The 
scheme shown in Fig. 1d has at B=0,2T sensitivity 
SA=0,27V/T and SA=2,48V/T at IS=1mA and IS=10mA, 
respectively (Fig. 3b). In case of circuit  shown in Fig. 1c at  
weak magnetic field (B=0,2T) and IS=1; 5; 10mA absolute 
sensitivity SA changes from 0,022V/T to 0,154V/T while at 
high values of magnetic field its  variation is from 0,0127V/T 
to 0,089V/T (Fig 3b). The family of characteristics SR=f(B) 
obtained is shown in Fig.3c, Fig.3d. Greater values of SR are 
observed at weak magnetic field and lower control current. It 
is obligated to the experimental samples symmetry. At 
IS=1mA and B=1,5T the greatest value of SR=237V/T and the 
lowest SR=8,9V/T are obtained in case of circuits shown in 
Fig. 1d, Fig. 1c, respectively. 

The results at negative magnetic field (B<0) are analogous 
and are shown in Fig. 3c in the same order. 
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III. CONCLUSION 

1. Various circuits design for combined operation of Hall 
elements with orthogonal sensitivity and parallel connected 
current circuits have been synthesized and studied. 

2. The conversion characteristics UO=f(B) obtained by 
experiment are depicted for three values of control current 
IS=1; 5; 10mA and at flux density B=(0÷±1,5)T. Their 
analysis shows: 

A considerable improvement of the linearity in comparison 
with classic circuit by keeping of their change and output 
levels: 

- in case of circuit shown in Fig.1a, Fig.1b output 
voltage gets over 2V at maximum value B=±1,5T by keeping 
of more linear section and symmetry; 

- in case of circuit shown in Fig.1c is achieved more 
wide linear section but the design possibility don’t suggest 
output voltages over 140mV; 

 - in circuit shown in Fig.1d the wide linear section 
begins at lower values of magnetic field (B=±0,4T). 

3. The absolute SA and relative SR sensitivities have been 
determined and dependences SA=f(B), SR=f(B) at control 
current IS=1; 5; 10mA  have been depicted. 
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New Bare Conductor for Transmission and Distribution 
Overhead Lines of the Future 

Ljupčo D. Trpezanovski1 and Alexandar P. Markoski2

Abstract – In this paper a short historical overview of bare 
conductor types is given. Usually applied types of conductors for 
transmission and distribution overhead lines are described. The 
basic conductor physical, mechanical and electrical parameters 
important for selection of the optimal conductor type and size for 
a given line are explained. A new type of conductor, called 
Aluminum Conductor Composite Core (ACCC), with better 
properties than other types of conductors, is shown. The 
construction of ACCC type of conductor, its properties and 
comparison with the properties of the usually used ACSR 
conductor are presented.  
 

Keywords – Conductors for overhead lines, composite core, 
conductor capacity (ampacity). 

I. INTRODUCTION 

Remarkable changes have occurred in the transmission and 
distribution of electrical energy from the time of the first 
commercial sale of electricity. From that time till now, 
extensive change has been made in the area of types of 
conductors available to transmit and distribute electricity. The 
first three-phase power transmission on long distance was 
presented on the Frankfurt Exposition in 1891, when power of 
230 kVA from a hydroelectric plant at Lauffen was 
transmitted to Frankfurt, 175 km away, by three bare-wires 
operating at 15 kV. In the past years, the demand for electrical 
power has increased significantly. Growing energy demand 
and ageing electricity infrastructure underline the urgent need 
for new and upgraded transmission lines. For example, in the 
power system of the Republic of Macedonia US $52 million 
should be invested for reconstruction of 30 existing and 
construction of 30 new 110 kV transmission lines till 2020 
[1]. This is necessary to meet the utility requirements for 
quality electrical energy, delivered without interruptions. 
Also, the transmission lines should be able to accommodate 
the peak loads, especially now, when the market of electrical 
power is deregulated. Nowadays utilities have been looking 
for ways to increase the capacity of existing transmission lines 
with minimal capital investments. An efficient way is to 
replace the existing (usually ACSR) line conductors with new 
types. The new conductors should have better current-carrying 
capacity (ampacity) and smaller sag on higher operating temp- 
erature. Recently, in 2005, after long research period, two USA 
companies, conductor developers Composite Technology 
 
 
 
 
 
 
 
 

Corporation (CTC) [2] and 3M Co. [3] have introduced new 
conductor types in which the steel core was replaced with a 
composite, providing several significant advantages. In CTC’s 
Aluminum Conductor Composite Core (ACCC) conductor, 
the steel core is replaced with a pultruated carbon/glass hybrid 
composite. 3M’s Aluminum Conductor Composite Reinforced 
(ACCR) conductor features a core of thousands ultra-high 
strength aluminum oxide fibers, wrapped with aluminum-
zirconium conducting wires. 

II. HISTORICAL DEVELOPMENT OF DIFFERENT 
CONDUCTOR TYPES 

At the beginning of 1880’s copper was the first metal used 
to transmit electricity. 

Before the end of 19’th century, aluminum began to replace 
copper as the metal for transmission and distribution 
conductors. The first transmission line using aluminum 
conductors was constructed in California in 1895 [4]. Four 
years latter, transmission line using a stranded aluminum 
conductor was constructed and remained in operation for 
more than 50 years. Aluminum possesses a conductivity-to-
weight ratio twice that of copper and its strength-to-weight 
ratio is 30% greater than copper. Also, taking into account 
that the price of aluminum is lower than the copper, in the 
early 1900’s, aluminum conductors became widely used and 
completely replaced the copper for overhead applications. 

But, during the time, experience indicated the need for a 
conductor with a greater strength-to-weight ratio. In 1907 a 
new type of conductor was introduced. This conductor was 
constructed of aluminum round wires helically wrapped 
around a core of steel wire(s) and combined the light weight 
and high ampacity of aluminum with the strength of a 
galvanized steel core. The excellent physical, mechanical and 
electrical properties of this conductor, well known as 
Aluminum Conductor Steel Reinforced (ACSR) were the 
reason for rapid acceptance by the transmission line design 
engineers, almost exclusively throughout the world until 1939. 

After this period, a new all aluminum-magnesium-silicon 
alloy conductor was introduced. This conductor retained 
similar mechanical and electrical properties of ACSR, with 
reduced weight and better corrosion resistance. 

In 1974 annealed (soft) aluminum was used in a new high 
temperature operated conductor called Aluminum Conductor 
Steel Supported (ACSS). This conductor, with better 
conductivity was designed for use as a replacement conductor 
in upgrading existing transmission and distribution lines with 
minimum investments. 

1Ljupco D. Trpezanovski is with the Faculty of Technical Sciences,   
University St. Kliment Ohridski, I. L. Ribar bb, 7000 Bitola, Macedonia, 
E-mail: ljupco.trpezanovski@uklo.edu.mk 

2Alexandar P. Markoski is with the Faculty of Technical Sciences, 
University St. Kliment Ohridski, I. L. Ribar bb, 7000 Bitola, Macedonia, 
E-mail: aleksandar.markoski@uklo.edu.mk 

Applying new materials (as zirconium and invar) in last 
decades several types of conductors were constructed. The 
Super Thermal Resistant Aluminum Alloy Conductor with  
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Invar Reinforcement (STACIR) is designed to operate up to 
210 0C during normal conditions. 

Few years ago, 3M Company have designed new conductor 
type called Aluminum Conductor Composite Reinforced 
(ACCR). This conductor has much better properties then 
usually used ACSR conductor. The high cost of the aluminum 
oxide fibers for conductor core and expensive zirconium in 
the aluminum alloys for the wires, doesn’t make this 
conductor competitive on the market, yet. The cost estimates 
of ACCR are 7-10 times that of conventional ACSR [5].  

After several years of research work, in 2005, application of 
the General Cable’s technology for trapezoidal aluminum 
wires (TW) wrapping [6] and CTC’s pultrueded composite 
core technology together have created the new Aluminum 
Conductor Composite Core (ACCC/TW). The excellent 
mechanical and electrical properties and acceptable price of 
this conductor promise that ACCC/TW will be transmission 
and distribution conductor of the future. 

III. USUALLY APPLIED BARE CONDUCTORS 

Transmission and distribution bare conductors are generally 
made from two different metals - aluminum and steel, but 
there are conductors made only from aluminum alloys. The 
last designed conductors are constructed from aluminum and 
high strength composite core. Aluminum part provides 
electrical conductivity and has small influence on the 
conductor strength. The conductor core accepts almost all 
mechanical tensions. Aluminum wires shape can be round or 
trapezoidal. Application of trapezoidal shaped aluminum 
wires yields compact conductors with less void area then 
round wires. Aluminum wires are made from hard drawn 
aluminum or soft aluminum (i.e. annealed or “0” temper). 
These types of aluminum have very different electrical and 
mechanical properties. Electrically, hard drawn aluminum 
possesses 61,2% IACS conductivity (International Annealed 
Copper Standard) whereas, soft aluminum has a conductivity 
of 63% IACS [4], [7]. Mechanically, the tensile strength 
(resistance to breaking) of hard drawn aluminum is 
approximately three times that of soft aluminum. Conductors 
manufactured with hard drawn aluminum can be operated at 
temperatures which don’t exceed 93 0C when aluminum starts 
to anneal. The annealing can cause breaking of the conductor 
under high wind or ice conditions. In opposite, higher 
temperatures have no effects on the soft aluminum tensile 
strength. Because of this reason, operating temperatures for 
conductors manufactured with soft aluminum can 
theoretically reach 250 0C. In practice, temperature limit of 
200 0C has been in existence for 30 years [7].  

There are four major types of bare conductors usually used 
for overhead electrical transmission and distribution lines. 

1. AAC − All Aluminum Conductor is made up of one or 
more strands of hard drawn aluminum. Because of its 
relatively poor strength-to-weight ratio, AAC has limited use 
in transmission lines and rural distribution where the long 
spans are applied. However, AAC has extensive use in urban 
areas where spans are usually short but high conductivity is 
required. The excellent corrosion resistance of aluminum has 
made AAC a very suitable conductor in coastal areas. 

 2.  ACSR − Aluminum Conductor Steel Reinforced is 
widely used conductor more then hundred years. It consists of 
a solid or stranded steel core surrounded by one or more 
layers of hard drawn helically wrapped aluminum wires. The 
amount of steel is used to obtain higher conductor strength 
and amount of aluminum to obtain proper ampacity. To meet 
varying requirements ACSR is available in a wide range of 
aluminum-steel cross-section ratios. The steel core wires are 
galvanized to prevent from corrosion. If aluminum wires are 
made of hard drawn aluminum the ACSR operating 
temperatures are 75 to 80 0C. Application of soft (annealed) 
aluminum wires enables high operating temperatures between 
200 and 250 0C. This conductor with conventional or extra 
high strength steel core wire(s) and soft aluminum wires is 
called Aluminum Conductor Steel Supported (ACSS). 
 3. AAAC − All Aluminum Alloy Conductor is high 
strength Aluminum-Magnesium-Silicon Alloy conductor. It 
was developed to replace the high strength 6/1 ACSR 
conductors. This alloy conductor offers excellent electrical 
characteristics with a conductivity of 52,5% IACS, excellent 
sag-tension characteristics and superior corrosion resistance to 
that of ACSR. Service life of AAAC is around 60 years, twice 
as durable as ACSR. It is superior to ACSR conductors when 
used in distribution lines.  
 4. ACAR − Aluminum Conductor Aluminum-Alloy 
Reinforced is combination of one or more layers of hard 
drawn aluminum strands helically wrapped over a core of one 
or more aluminum alloy wires which have high tensile 
strength. This is a conductor with an optimal balance between 
mechanical and electrical properties.  
 Conventional conductor’s designs have traditionally used 
round wires, but the trapezoidal aluminum shaped wires-TW 
are also available. Applying trapezoidal wires new types of 
conductors AAC/TW, AAAC/TW, ACSR/TW and ACSS/TW 
with less void area then round wires are constructed.  
Usually applied conductors for transmission and distribution 
lines in Republic of Macedonia are AAC, ACSR and AAAC.   

IV. SELECTION OF OPTIMAL CONDUCTOR TYPE  

High voltage overhead transmission and distribution lines 
must satisfy many simultaneous requirements, as: minimum 
electrical resistance, safe clearance above the ground, 
sufficient strength for applied loads, lowest present net worth 
cost spread over the life of the line, etc. As it was shown in 
section III, a wide variety of conductor types are available to 
meet the demands for different ampacity in many different 
climates and types of terrain. It is clear that all the major cost 
components of an overhead line depend upon conductor 
physical, mechanical and electrical parameters.  

The basic conductor parameters are: a) conductor diameter, 
b) weight per unit length, c) conductivity of material(s), d) 
cross-sectional area(s), e) modulus of elasticity, f) rated 
breaking strength, g) coefficient(s) of thermal expansion,      
h) cost of material(s), i) maximum unloaded design tension,   
j) resistance to vibration and/or galloping, k) surface 
shape/drag coefficient, l) fatigue resistance and m) corrosion 
resistance, [4]. To meet the utility demand for power which 
grows every year, it is necessary to provide sufficient 
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transmission capacity of the grid. This problem can be solved 
on two ways. The first one is to construct new lines with the 
present overhead conductor types and constructing 
technology. Because of the high cost and difficulties in 
obtaining new rights-of-way for corridors and environmental 
restrictions, utilities usually avoid constructing new 
transmission lines. The second, very efficient and optimal cost 
solution is reconductoring of existing lines. If there is a type 
of conductor which has greater ampacity and at least the same 
or better physical, mechanical and electrical parameters than 
existing line conductor, it can be used without additional 
reconstructions or modifications of existing line towers. Such 
type of high capacity conductor, called Aluminum Conductor 
Composite Core (ACCC) [9], recently was offered on the 
market. 

V. NEW TYPE ACCC CONDUCTOR   

The ACCC/TW conductor shown in Fig. 1 (left), was 
developed as a conductor with improved several key 
properties in comparison with conventional widely used 
ACSR conductor with the same outer diameter.  

The primary design objectives included increasing the 
strength of the conductor (by replacing the stranded steel with 
stronger material), increasing the rated ampacity, and the 
resistance to sag at high temperatures. To meet these 
objectives, a pultruated carbon- and glass-reinforced fiber 
polymer matrix composite core was developed to replace the 
stranded steel core used in ACSR. 

During the pultrusion process, continuous unidirectional 
(00-axis) carbon fibers form a cylindrically shaped solid core 
while a layer of similarly oriented E-glass fibers, is placed as 
a shield. The bundled fibers are wet out with a high-
temperature toughened epoxy. The fiberglass layer serves two 
purposes: first, it separates the carbon from the conductive 
aluminum wires to prevent galvanic corrosion. Second, it 
counterbalances the more brittle carbon and improves the 
flexibility and toughness of the core. The one-piece rod 
composite core lead to a core with a greater  cross-sectional 
area, but a smaller diameter which implies larger loading with 
reduced tensile stresses over that of the steel core subjected to 
the same loads. 

Fully annealed (soft), H0 (O’) tempered 1350 aluminum 
trapezoidal wires with conductivity of 63% IACS are helically 
wrapped in one ore more layers around the composite core. 
The use of trapezoidal wires yields compact conductor with 
less void area than ACSR. The compact trapezoidal wires, 
coupled with a smaller composite core, result in an 
ACCC/TW conductor that has approximately 28% more 
aluminum cross-sectional area than ACSR and ACSS with 
round wires and same outer diameter. Thermal properties of 
composite core and soft aluminum wires enable high 
operating temperatures of ACCC/TW, continuously up to 180 
0C. The greater aluminum content in ACCC/TW with high 
electrical conductivity, combined with the capability to work 
at high operating temperatures, can double the ampacity of an 
existing transmission line with ACSR conductors. The current 
capacity I  in A can be calculated using steady-state thermal 
rating method based on Eq. 1, [9]:     
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where qc is the convection heat loss in W/km, qr is radiated 
heat loss in W/km, qs is the solar heat gain in W/km, and RTc is 
the 50 Hz (or 60 Hz) ac resistance of the conductor in Ω/km, 
at operating temperature Tc. 

Because  the annealed aluminum is not strong, the 
composite core of ACCC/TW carries the entire load of line. 
The coefficient of thermal expansion (CTE) of the ACCC/TW 
core is 2,77⋅10-6 per 0C, more then four times smaller then the 
CTE of galvanized steel core [8], [9]. The initial sag D is 
proportional to the span length S, and calculated by Eq. 2 [10]: 
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where w is the linear weight, L is the actual length of the 
conductor, and H is the horizontal component of the applied 
load. The very small CTE of ACCC conductors, results with 
small sags and safe clearance in high operating temperatures. 

VI. COMPARISON OF ACCC/TW AND ACSR  

ACCC/TW conductors are similar in weight and size to 
typical conventional ACSR conductors, but they have a much 
higher ampacity. These properties allowing them to replace 
ACSR conductors on existing overhead lines without 
structural modifications of supporting tower systems while 
allowing far more power to be transmitted. A new ACCS/TW 
and conventional ACSR conductors with same outer 
diameters are shown on Fig. 1. 
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 Fig. 1. Comparison between ACCC/TW (left) and ACSR (right)  

   conductors with same diameter [8], [9].   

The data for mechanical and electrical properties for 
ACCC/TW and ACSR conductors taken from [2], [5], [6], [8] 
and [9] are given in Table I. 
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             TABLE I 
COMPARISON OF ACCC AND ACSR PROPERTIES 

Conductor properties/type ACCC/TW ACSR 
Outer diameter (mm) 28,15 28,15
Aluminum area (mm2) 517,00 402,97
Fill factor (%) 93,80 75,00
Linear weight (kg/km) 1556,60 1626,60
Rated strength (kN) 182,80 140,10
Core diameter (mm) 9,50 10,36
Core rated strength (kN) 169,03 74,90
Core tensile strength (kN/mm2 ) 2,38 0,89
Core thermal coefficient (1/0C) 2,77⋅10-6 11,5⋅10-6

Core elastic modulus (kN/mm2) 110,30 199,96
DC resistance at 20 0C (Ω/km) 0,0541 0,0702
AC resistance at 75 0C (Ω/km) 0.0676 0,0863
AC resistance at 200 0C (Ω/km) 0,0955 0,1211
Ampacity at 75 0C (A) 1025 908
Ampacity at 100 0C (A) 1265 1123
Ampacity at 180 0C (A) 1760 no oper.
Max. operating temperature ( 0C) 180 75
Price (Euro/m) (year 2005)  11,37 3,80

298 

 
   
An experiment for conductor sagging with increasing 

operating temperatures is presented in [9]. The measured sag 
behavior versus temperature is shown in Fig. 2. When the 
current was increased to 1500 A, the sag for Drake ACSR 
increased to 1,9 m, while the sag in ACCC/TW increased 0,34 
m. The temperature of ACSR increased to 240 0C, while that 
of ACCC/TW increased to 180 0C, despite carrying the same 
current. At equivalent temperature of 180 0C, the ACSR sag 
was 1,57 m, while the ACCC/TW sag was 0,34 m. It is 
obvious that the ACCC/TW conductor showed markedly 
lower sag over the entire temperature range. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

The properties comparison shows that ACCC/TW 
conductor is superior to ACSR conductor of the same 
diameter in several important performance areas, because of 
the following reasons: a) it has 28% more aluminum area 

(with high purity aluminum of 63% IACS) and higher 
operating temperatures up to 180 0C, which provides twice the 
ampacity of conventional ACSR and lower line losses, b) it 
has smaller or similar weight as ACSR, which allows to 
replace existing line conventional conductors without 
structural modifications of supporting towers, c) its composite 
core has very low thermal expansion coefficient which results 
with small sag and safe clearance of the conductor on high 
temperatures, d) the high rated strength enable construction of 
new lines with greater spans and reduced number of line 
towers by up to 16% (reducing total line costs), without 
problematic high temperature sags, e) a composite core 
material will not rust or corrode during the period of 
conductor exploitation, f) the annealed aluminum stranded 
wires in the conductor have self-damping properties which 
may eliminate the need for dampers and other anti-vibration 
devices, g) nonmagnetic and nonconductive core decrease the 
inductive heating and intensity of electromagnetic fields, i) 
installation procedures are the same as the conventional 
ACSR conductors with little instructions and easy technique 
for core splicing, etc. 

VII. CONCLUSION 

In this paper a short review for historical development of 
different conductor types is given with purpose to show the 
materials and properties of usually used conductors in the past 
100 years. Four major types of bare conductors usually used 
till now for overhead lines are shortly described. Recently a 
new type bare conductor for transmission and distribution 
lines with excellent properties, ideal for upgrading and double 
increasing the ampacity of existing lines was offered on the 
market. The key properties of this conductor are explained 
and compared with usually used ACSR conductors. Taking 
into account all advantages of new ACCC/TW conductor and 
3 years experiences in its application, make utilities to believe 
that this is the conductor of the future.  
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Transferred Potential from Substation HV/MV  
by MV Cable Line 

Dragan S. Tasić1 and Miodrag S. Stojanović 2 
 
 
Abstract – This paper deals with potential transferring, 

performed by medium – voltage cable line. For this matter, we 
have analyzed power lines formed of three–core cables with non–
insulated metal sheath (IPO 13, NPO 13), as well as three–phase 
lines formed of three single–core cables with isolated electric 
screen (XHE 48, XHE 49 type). When non - insulated metal 
sheath cables are considered, the effects which the cable length 
and the HV/MV substation grounding system resistivity have on 
transferred potential value were analyzed. In the case of power 
line formed of single – core cables, the effects of the number of 
HV/MV substations powered by that particular power line, as 
well as the effects of HV/MV substation grounding system 
resistivity on transferred potential value, were analyzed. 

Keywords – potential, cable, metallic screen, impedance 

I. INTRODUCTION 

Metal sheath or electric protection of medium - voltage 
cables are grounded on both of their ends, by connecting to 
the substation grounding system. When a certain electric 
potential occurs on the substation grounding system earth 
electrode (during the earth fault in HV power network), it is 
transferred to the MV/LV substation, through grounded metal 
sheath or electric screen of MV cables. If the MV/LV 
substation functional and protective groundings are 
connected, transferred potential may occur in low voltage 
power network and consumers installations. This means when 
TN protection system is applied metal parts of electric 
equipment, devices and appliances, which may be reached by 
the consumer, may have a certain electric potential. This 
potential may be greater then permitted, which may lead to 
undesired consequences. 

Since the transferred potential value depends on the 
construction of the cable, here is going to be analyzed cables 
with impregnated paper insulation (IPO 13, IPZO 13, NPO 13 
and NPZO 13 type) and cables with cross - linked 
polyethylene insulation (XHE 48 and XHE 49 type). 

II. CABLES WITH NON – INSULATED METAL 
SHEATH 

The cables with metal sheath and armature protected from 
corrosion by impregnated jute, textile, paper etc. several 
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months after they are laid, come into a good contact with soil. 
These are the cables of IPO 13, IPZO 13, NPO 13 and 
NPZO 13 type, with impregnated paper insulation and lead 
sheath. They are commonly used in 10 kV to 35 kV power 
networks. Considering the metallic screen and cable armature 
are in the close contact with the soil they are buried in, and, 
looking from the point of potential transferring, therefore they 
can be treated as a line with distributed parameters. Having 
this in mind, the equivalent electrical scheme for the purpose 
of calculation of the currents and potential on screen, is 
shown in Fig. 1. The impedance per unit length of the screen 
and armature in parallel is marked with ; the y stands for 
parallel admittance which directs the current to the ground, 
while the propagation resistance of the MV substation 
grounding system is marked with Z2. 

z

 
 

 
Fig. 1 Equivalent electrical scheme 

 
Equivalent electrical scheme analysis shows [1]: 
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where: 

yzc =γ  - propagation coefficient, 

y
zZc =  - characteristic impedance. 

 
Since there is: 

 222 IZU =  , (3) 

the potential at the beginning of the cable, i.e. on the 
grounding system of the HV/MV substation, becomes: 

 ⎥
⎦

⎤
⎢
⎣

⎡
γ+γ= )()(

2
21 lsh

Z
ZlchUU c

c
c  . (4) 

299 



 

U1 is metal sheath potential at the beginning of the cable, 
i.e. at HV/MV substation grounding system. U2 is metal 
sheath potential at the end of the cable, i.e. at MV/LV 
substation grounding system. Their ratio is equal to 
transferred potential coefficient : iK
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with module: 
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III. CABLES WITH INSULATED ELECTRIC SCREEN 

Now days medium voltage single – core cables with cross – 
linked polyethylene insulation (XHE 48, XHE 49U type) are 
frequently used [7]. The reason for this lays in the fact that 
these cables may hold on to greater current load then cables 
with impregnated paper insulation (IPO 13, NPO 13 type), 
with same cross section [4]. Single – core cables have the 
polyethylene sheath which prevents the contact between the 
cable electric screen and the soil it is buried in. This is totally 
different situation from the one with cables of IPO 13 
(NPO 13) type. 

A three phase power line, composed of three single – core 
cables, is supplies several MV/LV substations in which the 
grounding systems are connected to electric protections of 
cables. This way the grounding systems of all of MV/LV 
substations are connected, therefore it can be said that power 
line composed of three single – core cables possess certain 
grounding qualities [2,3]. Having in mind that electric screen 
of cables are also connected to HV/MV substation grounding 
system, it is clear that when an earth fault occurs in HV/MV 
substation, the potential is transferred to MV/LV substation. 

The mathematical model used for the analysis of grounding 
effects and potential transferring is formed under following 
assumptions: 

- Distances between neighboring substations are equal 
(they are to be calculated using average length, which is 
attained when the total line length is divided by the 
number of MV/LV substations supplied by the line in 
question), 

- grounding impedances of MV/LV substations are equal. 

Taking these assumptions, the equivalent scheme, shown in 
Fig. 2, is formed.  is an electric screen impedance of 
single–core cables connecting two neighboring MV/LV 
substations. is MV/LV substation grounding impedance. 

1Z

2Z

 
Fig. 2. Equivalent scheme for grounding effects analysis 

Scheme in Fig. 2 represents a cascade of n reversed Γ –
networks [6]. In order to make mathematical analysis simpler, 
it is suitable to transform the scheme given in Fig. 2 to a 
scheme in Fig. 3, which represents a cascade of symmetrical 
T -networks. 
 
 

 
Fig. 3. Modified scheme from Fig. 2 

 

Having in mind labeling in Fig. 3 and taking into account 
the real fact that the current at the end of modified scheme is 

0=nI , we have: 
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Expression 8 gives the relation between the potential at the 
beginning of the cable electric screen (HV/MV substation 
grounding system potential) and the potential at the end of the 
cable electric screen (n-th MV/LV substation grounding 
system potential): 
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K-th MV/LV substation grounding system potential, 
looking from the end of the supplying cable, can be obtained 
from the Eq. (7). The total number of MV/LV substations 
between k-th and n-th substation is . Therefore the 
voltage and the current on exiting ends of the k-th T -network 
are: 

)( kn −
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,))((

c

c
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cnk

Z
knshUI

knchUU
γ−

=′

γ−=′
 (11) 

The voltage on the grounding system of the k-th MV/LV 
substation is now: 

 kkk IZUU ′+′=
2

1  , (12) 

as to: 
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Dividing  by  (the potential at the beginning of the 
line), the transferred potential coefficient , for the 

observed MV/LV substation, is obtained: 

kU 0U
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Considering Eqs. (10) and (11), the transferred potential 
coefficient is gained: 
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IV. RESULTS OF CALCULATION 

In order to see out the effects of IPO 13 (NPO 13) type 
cables on potential transferring, we have analyzed the 
dependence of Ki coefficient on cable length and MV/LV 
substation grounding resistivity. Fig. 4 show the dependence 
of the transferred potential coefficient module on the cable 
length (distances between HV/MV and MV/LV substations), 
for different values of MV/LV substation grounding active 
impedance. Supposed depth of burring is 0.7m. Besides the 
value of impedance per unit length is km/27.0 Ω+= jz , 
which corresponds to the case of transferring moderate 

current values which do not bring cable steel armature into 
magnetic saturation. 
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Fig. 4. Dependence of the transferred potential coefficient module on 

the cable length 

Curve l in Fig. 4 is obtained for R2 = 1 Ω, while curves 2 
and 3 are obtained for R2 = 3 Ω and R2 = 10 Ω. Fig. 3 shows a 
intensive decrease of transferred potential value, starting from 
the 0.5 km cable length. 

When cables with insulated metallic screen are considered, 
we have analyzed the potential transferring, occurred when 
the three – phase 10 kV line, composed of three single – core 
XHE 49 cables, with cross section of 120 mm2, was used. 
These cables, with 29 mm in cross section diameter, have the 
electric screen of with a cross section of 16 mm2. Cables are 
buried in a trefoil formation. The electric resistivity of the soil 
is m50 Ω=ρ  value of impedance  per unit length 
is

1Z
km/65.038.01 Ω+= jz . Different values for distances 

between neighboring MV/LV substations are used, as well as 
for MV/LV substation grounding system resistivity. The 
number of MV/LV substations varied from 1 to 8. Following 
figures display only one part of results obtained from 
calculation, made by authors. 
 

                                        

                                        

                                        

                                        

                                        

                                        

                                        

0 1 2 3 4 5 6 7 8
0.0

0.1

0.2

0.3

0.4

0.5

0.6

0.7

0.8

0.9

1.0

n=8n=7n=6
n=5

n=4

n=3

n=2

n=1 l =0,5 km
Z2=1 Ω

 

 

K i(k
)

k  

301 



 

302 

Fig. 5. Dependence of the transferred potential coefficient module 
when  and  km5.0=l Ω=12Z
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when  and km7.0=l Ω=12Z  

Analysis shows that the ground system potential value of 
k-th MV/LV substation be TS SN/NN decreases with increase 
of number of MV/LV substations supplied by the line in 
question. The first MV/LV substation, which is the nearest to 
the feeding HV/MV substation, has the greatest value of 
transferred potential. The increase in the distance between 
two neighboring MV/LV substations leads to decrease in 
value of coefficient Ki, i.e. leads to decrease of transferred 
potential value. When the distance between neighboring 
substations is small, and when there are only a few 

substations powered up with the same cable, transferred 
potential value may be significant. 

V. CONCLUSION 

When IPO 13 (NPO 13) type cables are considered, the 
value of transferred potential decreases rapidly, with the 
increase of cable length. When cable lengths are greater then 
0.5 km, it may be easily concluded that problems related to 
potential transferring practically do not exist. 

In case of cable line composed of three single core XHE 49 
type cables, the greatest value has the transferred potential of 
grounding system of the first substation, i.e. MV/LV 
substation nearest to the feeding HV/MV substation. Looking 
from the aspect of transferred potential, the most unfavorable 
is the case of a single MV/LV substation, the only one 
powered up by a cable line. This statement has more 
theoretical significance, because this case is rarely seen in real 
life. When the number of MV/LV substation powered up by 
cable line increases, the value of the potential transferred to 
the grounding system of the first MV/LV substation decreases 
significantly. This value depends on the number of 
substations powered up by cable line, as well as on . 
If  ratio value is greater, the transferred potential 
value becomes lower. 

|/| 21 ZZ
|/| 21 ZZ
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Investigation of the Noise Influence over Algorithms for 
Identification of the Air Power Line Parameters 

Mariana G. Todorova1 

Abstract – Algorithms via two-dimensional orthogonal shifted 
functions for identification of the air power line parameters are 
considered in the paper. The noise influence over the algorithms 
is investigated and obtained results are analyzed. 
 

Keywords – air power line, identification, noise influence. 
 

I. INTRODUCTION 

There are three main groups of overvoltages –
 temporary, switching and lightning overvoltages. Lightning 
overvoltages originate in atmospheric discharges. A direct 
lightning stroke causes extremely high overvoltages and thus 
severe faults. The overvoltages in the power systems can’t be 
avoided and is necessary to limit them.   

There is necessity to know of the power line parameters 
whit positive, negative and zero sequence (R, L and C). They 
are used when the power line model is constructed. 
 A model of power network 20 kV is composed [5] for 
identification of air power line parameters. Standard blocks 
from Matlab Simulink library are used for modeling of power 
line.  Lightning current parameters are: amplitude 80 kA and 
shape 1/10 μs.  
 The processes in the line are described whit a partial 
differential equations (PDE) system (1). 
 

 

( , ) ( , ). ( , ) .

( , ) ( , ).

U x t I x tR I x t L
x t

I x t U x tC
x t

∂
− = +

∂ ∂
∂ ∂

− =
∂ ∂

∂

 (1) 

where: 
 R-resistance, Ω/km; L-inductance,  H/km;   
C- capacitance, F/km of power line;  
U- phase voltages, V; I – phase currents, A. 

If the system is transformed in symmetric co-ordinates 
three sequence components are 
used: 0 0 0 1 1 1, , , , ,R L C R L C .  
 

Current and voltage that are needed for identification of air 
power line parameters are measured in ten points. These 
points are uniformly distributed through the length of air 
power line. 

The problem solved in [4, 5] is the application of two-
dimensional orthogonal Haar and block – pulse functions for 
identification of the air power line parameters under the 
influence of lightning overvoltages. M – files are created in 
Matlab.  
 The aim of this paper is investigation of the noise 
influence over algorithms for identification of line parameters 
in case of direct lightning stroke over the conductor of air 
power line. The efficiency of the identification algorithms in 
case of robust measurement errors is examined too. 
 

II. ORTHOGONAL FUNCTIONS APPLICATION FOR 
IDENTIFICATION OF THE AIR POWER LINE 

PARAMETERS 

In the recent years, a spurt of activities has been witnessed 
on the identification of dynamic systems using orthogonal 
functions. Two-dimensional orthogonal functions 
implementation reduces the problem of parameter 
identification to a computationally convenient form. The 
partial differential equations (1), expressing the processes in 
the air power line, are transformed into set of algebraic 
equations. The algorithms are comparatively simple in form 
and high in numerical accuracy.  

A block – pulse function (see Fig.1) is defined [3] over a 
time interval ],0[ Tt ∈  as  
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The orthogonal set of Haar functions (see Fig.2) is a group 

of square waves with magnitude of  in some intervals 
and zeros elsewhere [1]. The Haar functions are defined as  

2/m2±

 )
2

.2).(()( 1 j
j

m
kttHtH −= , (3) 1Mariana G. Todorova is with the Faculty of Computing and

Automation, Technical University, “Studentska” str. № 1, 9010
Varna, Bulgaria, E-mail: mgtodorova@yahoo.com  where: ; jj kkmj 20;2;0 ≤<+=≥
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)t(H1  -scaling function, pleased during the whole observed 
interval [0, T]. 
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Fig. 1. Block – pulse functions (BPF) 
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Fig. 2. Haar functions 

The two-dimensional orthogonal functions  are 
defined as the set of orthogonal functions over the intervals 

 as 
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where: 
 
Y - two-dimensional orthogonal function coefficient matrix of 
the function   )t,x(y nmijyY ×= ][ ;
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where  and  are correspondingly MP NP )( mm×  and 

)( nn×  integral operational matrices. 
 
The identification process by orthogonal functions includes 
the following fundamental steps:  

(i) expansion of the functions of PDEs into shifted two-
dimensional orthogonal functions; 

(ii) rewriting of the PDEs in the matrix form using the 
orthogonal functions properties and after some well known 
manipulations, i.e. 
A.Q = H,  (8) 
where Q – vector of the unknown parameters. 

(iii) solving of the obtained matrix equation for the vector of 
unknown parameters using least – squares technique 

H.A.)A.A(Q̂ T1T −=   (9) 

III. INVESTIGATION OF THE NOISE INFLUENCE OVER THE 
IDENTIFICATION ALGORITHMS 

In this section two-dimensional orthogonal shifted Haar and 
block – pulse functions are used for identification of the air 
power line parameters under the influence of lightning 
overvoltages. The signals of the current and voltage are 
simulated and independent zero – mean white Gaussian noise 
is applied. The obtained parameter values 

 (in the case when the ratio nose-111000
ˆ,ˆ,ˆ,ˆ,ˆ,ˆ CLRCLR

304 



to-signal is q = 20%) for different numbers m of the 
orthogonal functions are given in Table 1. The relative 
parameter errors E are shown in Fig.3. 
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Fig.3. Relative parameter errors E 

 
Then the efficiency of the identification algorithms in case 

of robust measurement errors is examined. Therefore 10% 

“outliers” are simulated, and their values are up to 70% 
wrong.  

Three cases are considered: 1) the signals of the current and 
voltage are corrupted with a independent zero – mean white 
Gaussian noise with q = 20%; 2) the signals of the current and 
voltage are simulated and 10% “outliers” are applied; 3) the 
signals of the current and voltage are simulated and 
independent zero – mean white Gaussian noise with q = 20% 
and 10% “outliers” are applied. The obtained relative 
parameter errors E are given in Table 2. 

 
TABLE II 

OBTAINED RELATIVE PARAMETER ERRORS E 
 

m  orthogo-
nal 
function 

E [%] 
case (1) 

E [%] 
case (2) 

E [%] 
case (3) 

64 BPF 

Haar 

0.28 
1.90 

0.59 
1.94 

0.65 
2.10 

512 BPF 

Haar 

0.08 
0.46 

0.16 
0.49 

0.25 
0.50 

•  
 

TABLE I. 
OBTAINED PARAMETERS VALUES  

 
m  orthogonal 

functions 1R̂  
Ω/km 

3
1 10.ˆ −L  
H/km 

8
1 10.ˆ −C  
F/km 

0R̂  
Ω/km 

3
0 10.ˆ −L  
H/km 

8
0 10.ˆ −C  
F/km 

8 BPF 

Haar 

21.0285 

24.917 

1.30 

0.69 

0.3371 

0.9730 

3693.7 

3878.6 

-0.49 

-0.0022 

0.2560 

0.4306 

16 BPF 

Haar 

15.6154 

23.8591 

1.00 

0.93 

0.3293 

0.7259 

3598.4 

3746.0 

-0.45 

0.146 

0.2788 

0.4141 

64 BPF 

Haar 

15.2390 

21.3432 

1.20 

0.58 

0.6130 

0.4469 

3558.1 

3637.0 

2.00 

0.55 

0.3394 

0.2703 

256 BPF 

Haar 

14.6543 

24.7936 

1.10 

0.30 

0.7027 

0.2631 

3577.4 

3596.5 

2.80 

0.18 

0.3903 

0.1268 

512 BPF 

Haar 

15.5943 

26.1910 

1.10 

0.18 

0.7055 

0.1649 

3565.2 

3580.6 

2.70 

0.19 

0.3672 

0.1022 

 
The accurate parameter values are: Ω/km, 2.151 =R 0012.01 =L H/km, F/km, Ω/km, 

H/km,  F/km. 

8
1 10.962.0 −=C 35680 =R

0027.00 =L 8
0 10.45.0 −=C

 
 

IV. CONCLUSION 

The line parameters in case of direct lightning stroke over 
the conductor of air power line by using two-dimensional 
orthogonal Haar and block-pulse functions are estimated. 
Both the effects of the robust measurement errors and level of 

a measurement error are examined. Numerical results are 
given and the following conclusions are made. 

• Considered two-dimensional orthogonal functions 
have interesting features - computational attraction 
and low computer memory requirement.  

• When the system is corrupted with a noise, the 
algorithms give satisfactory results. As shown in 
Fig.3 the estimates of the line parameters via BPF-



approach are very accurate. The parameter 
estimations can be obtained comparatively accurate 
when bigger number of Haar orthogonal functions is 
applied. 

• In case of robust measurement errors, the 
identification via BPF is more accurate. As shown in 
Table 2, the obtained via BPF relative parameter 
errors are approximately three-times less then the 
errors obtained via Haar functions. 

• When the signals of the current and voltage are 
corrupted with a noise and “outliers” the relative 
parameter errors are the biggest. Using of BPF-
approach is recommended. 
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Assessment of the Safety Conditions from High Touch 
and Step Voltages in the Grounding Systems of the mines 

Nikolce Acevski 1 

Abstract: In this paper are described and elaborated 
mathematic models which are applied for solution of problem 
with transfer of potential in the mines. Appropriate algorithm is 
made as programmed package which is used for analysis or 
better says, for anticipation of the conduct of al grounding 
system (GS) in the area of the mine REK Bitola (Suvodol) when 
faults to ground appeared in the system 110 kV for present 
situation (after July 2007), with new 400 kV TL Bitola 2-
Amindeo (Greece). 

Keywords: groundings, transferred potentials, safety 
conditions, touch and step voltages    

I. INTRODUCTION 

Because of the nearness of the sources of REK Bitola as 
well as because of the meaning of the mine “Suvodol” 
problem of transferred potentials is especially expressed. 
Cables in the network are with rubber isolation that contains 
three-phase conductors as well as additional signal conductors 
made by cooper with relative big section. So all objects in part 
of the mine (operative stations, diggers, transport tapes, 
engines and the other consumers on medium (MV) and low 
voltage (LV)) are mutual galvanic harnessed and together 
with their groundings, they formed GS of the mine. At 
appearance of fault to ground at station 110/6 kV/kV of the 
mine or the network 110 kV in nearness of the mine, that 
power is distributed at all GS (tower groundings on 110 kV 
transmission lines (TL), grounding on substation 110/6 kV/kV 
and groundings by individual MV consumers). The problem 
with transfer of potentials also is expressed with the systems 
for transport of soil and chats, as and substation TS MV/LV 
by 6 kV network in mine, where groundings of that TS are 
sources of current field and dangerous voltage of touch and 
step. 

II. GROUNDING SYSTEM - MODEL 

 Netlike Grounding - Model   
Small part of the current (just 9,4 %) that is injected in GS 

of the mine will go to the earth over netlike grounding of TS 
110/6kV/kV “Suvodol”. For this calculation we will use 
simplified way the entirely netlike grounding will be modelled 
with one horizontal panel which equivalent diameter has the 
same parameter A as the netlike grounding itself. For 
calculation of the resistance the expression [5] is used where 
is ρ =100 Ωm: 

                       AADek ⋅=⋅= 128,1/4 π ,                (1) 

1Nikolce Acevski is with the Faculty of Technical Sciences, 7000 
Bitola, R. Macedonia, E_mail: nikola.acevski@uklo.edu.mk 
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 Modelling of Transmission Lines 
When TL is performance with protective rope; it 

participates of the transfer of the currents and potentials when 
fault to ground appeared in the system 110kV. Therefore, in 
replacement scheme in the network of GS every TL ought to 
be presented on the same way, with so-called “π-scheme” [5]. 
In power network of the mine “Suvodol” exist only one TL 
provided with protective rope. That is TL 110kV TS 110/6 
“Suvodol”-TS 400/110 Bitola2”, who is consecution like two 
systematic (with two independent threat on phase conductors 
with length l=2,7 km, 2x3xA1/C240/40mm²), type of 
protective rope Fe III 50mm².According to [5], for 
impedance per kilometre length of protective rope we can get: 
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With is indicated equivalent depth of the return path of 
current in the earth, which is according to Carson model 
depend of ρ and frequency f: 

eD

                           mfDe 6,930/658 == ρ                  (4)              
As we know number of aperture 12, for average a=225 m 

than for impedance of average aperture we have 
              ( ) aperturejzaZ r /279,0954,0 Ω+=⋅= ,      (5)        
TL with more than 10 apertures is treated like infinite TL, 

without making any important mistake in modelling. TL may 
be equivalent with it entering impedance: 

            ( )22,004,25,0 jZZRZ rrSTVL +=⋅−⋅= ,     (6)       

Where Ω= 5,6stR  is average value of grounding resistance 
on the separates towers of TL.   

 
Modelling of Cables 6 kV   
Every cable looked together with returned path through 

earth, can be presented with I-removal scheme, i.e. with one 
ordinal impedance Z=z.l. Longitudinal impedance that is 
impedance of unit length z will be [5]: 
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,          (7)          

Modelling of Groundings on TS 6/X kV/kV and 
Accessory Groundings 

Each TS 6/x kV/kV which has own grounding with known 
grounding resistance R, in removal scheme of GS will be 
node, so-called “grounding place”, and will be modelled with 
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cross located active resistance R. Accessory groundings of 
different types of mine objects and machines are modelling of 
identical way like groundings of substation TS 6/x kV/kV. We 
can say that it happens that more grounding are galvanic 
connected in one grounding place. In that case, in removal 
scheme will appear as parallel connected active resistance as 
there are different galvanic connected groundings. 

 Surface Groundings –Model  
According to [7], R of transporters/tracks with length l and 

equivalent diameter d on the surface of earth is: 

                                  
d
l

l
R 2ln⋅

⋅
=

π
ρ ,                               (8)                   

According, to this, if the track is located on the area of earth 
and if it is linked on one end with GS and it is free on the 
other sight, than it can be treated like elementary grounding, 
that in equivalent scheme GS on individual grounding place 
will entered active resistance R. As both ends of track are 
galvanic connected for different grounding places, then in 
removal scheme of GS the track will have to introduce with π-
scheme, Fig.1.  

Z

2R 2R

 
Fig. 1.π−removal scheme for transporters/track 

Parameter Z of ordinal branch in π− scheme is [7]: 
Z=[ρFe l/S + 0,05]+j.[0,1445.log(2De/d)+0,0157.μr],     (9) 
Analyses shows that step upon areas of diggers, transporters 

and other equipment (which with their caterpillars realize 
good power contact with earth), satisfactory can be modelled 
with individual netlike GS, horizontally placed in earth on 
certain small depth h. Thereat, netlike GS will need to have 
the same geometry like geometry of step upon area of 
digger/machine, and own modelling itself can be successfully 
done if step upon area is changed with heavy network on 
horizontal tracks, placed on small distance from one another 
(e.g. D=50 sm.), buried in small depth (e.g. h=5 sm).  

III. ESTIMATION-CURRENTS AND POTENTIALS 

When one-phase fault to ground  appear in 110 kV patch 
board of mine “Suvodol” that is of arbitrarily place of TL 110 
kV TS 110/6 “Suvodol”-TS 400/110 “Bitola 2”, comes to flux 
of currents per grounding of station, and the potential of 
grounding, Vz. The analyses show that most unfavourable 
case, from aspect of the quantity of potential of grounding, is 
for one-phase fault to ground produced in the station. The 
whole current of fault doesn’t go into the earth, but just one 
part of it, which will be indicated with Iz. This current in 
different ways, flows through earth to source of current, i.e. to 
station 400/110 “Bitola 2”. If with Zz we indicate complex 
“enter impedance of the whole GS at station 110/6 than: 

                                    zzz IZV ⋅= ,                               (10)                   
In the paper it is supposed that current on fault to ground is 

known, produced in TS 110/6 “Suvodol”. Data for value of 

the current of one-phase fault to ground in power system of 
R.M. are received from competent offices. The current 

=21976 A that is injected in GS in mine is calculated like 
in [5]. After that, by known (calculate or measured) value of 
entered impedance, we can calculate the potential =1538 V 
in netlike grounding, node SO.  

zI

zV

After determination of potential Vz on the place of fault, we 
can determine potentials and for other groundings in the 
region of the mine. In the algorithm according to which is 
produced the programmed package Suvodol, is used matrix 
approach for solution of the problem of distributing of 
currents and transfer of potentials in GS in the mine. Solution 
of mentioned problem is done with help of matrix of 
impedances, [Z], of GS. For this purpose, primary, according 
to known plot of feeder 6kV and their known parameters, is 
generated so-called matrix of admittances [Y] of GS.  
                                        [Z]= [Y]−1                                                        (11)                 

Then, potentials V(i=1,N), of the separate groundings are: 
                          Vi = Zis.IZ ; i = 1,2, ..,N,                             (12)                

IV. RESULTS OF THE ESTIMATION AND MEASURES 
FOR ELIMINATING DANGERS 

Whole network 6 kV is divided, on: 
Coal system (SJ);           First system (S1); 
Second system (S2)        Zero system (S0). 

That is made, so we can see what is the stake of each of the 
systems of the mine in drop off of total current Iz although it’s 
partial GS are galvanic connected in the (node “SO”) through 
it’s grounding  CENTRAL, TAB. I. When we evaluate the 
attained results, if estimated voltages of touch and step are in 
the permitted borders, we need to respect: 

1. Time of duration of one-phase fault to ground, T. 
2. Allowed voltages of touch and step, depending on T. 
According to the results from the studies [1], [2], time of 

disconnection of fault to ground made in the station 110kV of 
mine is t=0,1 s. According to [5], for that time allowed 
voltage of touch/step, is 300 V.  

From the received results, we can see that maximum 
voltages of steps are regular for 40-60 % smaller than 
maximum voltages of touch. In TAB. II are present 6 nodes of 
6 kV network that have maximum potential difference of 
touch that exceeds 300V. Solution can be done with: 

1. Installation of additional ring around the object, 1m of its 
margins and at depth of 0,8m.  

2. Asphalting the path around with width of 1m.  
Here is analyzed the first method, which is cheaper. For 

that reason grounding type PRP (fig. 2) that is consisted of 
one rectangular ring with sizes 3,5x1,4 m buried in depth h1 = 
0,5 m and two vertical plug F2" that are 3 m long, we will add 
another ring with dimensions 5,5x3,4 m, buried in depth h2 = 
0,8 m and we will have new grounding called PRP2 (fig. 3).  

Characteristics of this new type of grounding are explored 
in program package “ZAZEM” and it is concluded that the 
biggest potential differences of touch and step are by the 
length in direction of 0-A (fig. 4). 
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TABLE I DISTRIBUTION OF INJECTED CURRENTS AND EQUIVALENT IMPEDANCES PER SEPARATED SYSTEMS OF THE MINE FOR TOTAL INJECTED 

CURRENT =1000A zI
 S i s t e m Ir Ix I �  Z 
/ /  (A)  (A) (A)    (o)     % � 
1 Coal (SJ)    277.62 -19.71   278.32   -4.06    26.7   0.25376 
2 First (S1)    217.72 -50.86   223.58 -13.15    21.5   0.31589 
3 Second (S2)    151.09 -16.38   151.98   -6.19    14.6   0.46472 
4 Zero (S0)    255.55   -1.06   255.55   -0.24    24.5   0.27637 
5 Netlike grounding     70.64   67.11    97.44   43.53     9.4   0.72481 
6 110 kV TL     27.37   20.89    34.43   37.35     3.3   2.05105 
 Total   1000.00     0.00  1000.00     0.00   100.0   0.07063 

 
TABLE II. NODES IN NETWORK 6 KV IN WHICH �ED > 300 V  

 System node Grounding 
type 

� 
�m 

U 
(V) 

�Ec 
(V) 

�Ed 
(V) 

�Ud 
(V) 

1 (SJ) RP78 RP78 40 1113.0 160.8 374.7 353.2 
2 (SJ) DOM.TRAFO RP16 100 1478.7 265.9 386.0 334.3 
3 (S2) TS4 RP16 100 1499.0 269.7 391.0 338.0 
4 (S2) ES10 BG_JL3 40 706.0 348.2 374.7 353.2 
5 (S0) RP910 RP78 40 1143.0 159.5 372.2 350.7 
6 (S0) PRP PRP 100 1035.5 249.0 487.4 421.6 

 

 
Fig.2. Grounding type PRP 

 

 
Fig. 3. New grounding type PRP 2 

 

 
Fig 4. Estimation of potentials in the surface of earth 

 
On the fig. 5. ϕK (ϕK =ϕmin) in the critical item k, that is 

located 1m from the edge of object, and the lowest when ΔEd 
is difference between potential ϕ0 of the object and ϕK, in item 
k. Maximum potential difference of touch: 

          ΔEd = 54,1% for permanent grounding type PRP  
    ΔEd = 27,5% for new grounding type PRP2. 

  

 
Fig.5. Distribution of potentials per length of critical direction  

    
So, after putting second contour, we obtain new, grounding 

type PRP2, at which maximum voltage of touch will be 
reduced of the value ΔUd = 169 V. Calculations show that the 
biggest potential difference of step is again in direction 0-A, 
between the points B and C which are alienated 1m.  
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TABLE III. CHARACTERISTICS OF GROUNDINGS  
Grounding type RZ , (�) �Ec  (%) �Ed  (%) 

PRP 11.35 21.7 54.1 
PRP2 8.05 17.2 27.5 
RP16 7.82 16.8 24.3 

RP16mod 5.56 13.9 20.1 
 

ma 41 =
m

b
2

1
=

ma 62 =
m

b
4

2
=

  

m5,0
m8,0

 
Fig. 6. Grounding type RP 16 

m5,0
m8,0m1

 
Fig.7. New grounding type RP16 mod 

Grounding type RP16 is consisted of two rectangular rings 
Fe Zn 30x4, on depth  h1 = 0,5 m, h2 = 0,8 m, fig. 6.  New 
grounding type RP16 mod is consisted of three rectangular 
rings Fe Zn 30x4, on depth  h1 = 0,5 m, h2 = 0,8 m, and  h3 = 1 
m fig. 7.  In this case touch voltages are: DOM TRAFO-(ΔUd 
= 276.2 V) and TS4-(ΔUd =279.3V). 

Grounding type RP78 is consisted of three rectangular 
contours with 8 vertical elements, fig.8. 
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Fig. 8. Grounding type RP 78 

 
After putting additional contour, we obtain new, grounding 

type RP78 mod, at which maximum voltage of touch will be 
reduced of the value ΔUd = 188.5 V. 
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Fig.9. New grounding type RP78 mod 

 
Grounding type BG_JL3, in the second system in node 

ES10 is in fact digger. So, measures in this case should be 
salting the path around with concentration of 0.5-1 % salt, or 
putting around the soil with big specific conductivity. 

V. CONCLUSION 
1. The biggest danger of transferred potentials in 110kV 

network in region of mine “Suvodol” at REK –Bitola is 
when fault to ground appear in TS 110/6kV/kV. 

2. The highest potentials in MV network of mine are those in 
so-called maximum regime, when all power sources are on.  

3. Time of disconnection for the current that is produced is 
estimated that is t = 0,1s. For this time is suggested that as 
criteria of dangerous to be accepted �Ud.doz=�Uc.do =300V.   

4. For these adopted criteria for safety is obtained that real 
danger of higher voltage of touch is noticed in 6 nodes.  

5. Groundings in these TS 6/0,4 kV should be improved with 
adding one rectangular ring around the objects. Alternative, 
whole zone around the objects should be asphalted. 
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Marginal Loss Coefficients and Nodal Factor Method for 
Loss Allocation in Distribution Systems with DG  

Metodija B. Atanasovski1 and Vesna Borozan2 

 
Abstract – The main idea of this paper is to elaborate and 

evaluate the efficiency of two already proposed methods for loss 
allocation in distribution systems with dispersed generation 
(DG). This method’s are: marginal loss coefficients and nodal 
factor pricing methods. This method’s will be implemented on 
real distribution network. Several useful conclusion and 
problems with the efficiency of this method’s will be presented.  
 

Keywords – Dispersed Generation, Loss allocation, Marginal 
loss coefficients, Nodal factors pricing. 

I. INTRODUCTION 

This paper is primarily concerned with the allocation of 
variable network losses in distribution network with DG. 
According to structural changes in power systems and 
introducing DG into distribution networks, the problem of 
allocation of losses become very important. In literature [1], 
requirements for ideal loss allocation method are summarized 
as follows: 1) Economic efficiency: Losses must be allocated 
in a way to reflect the true cost that each user imposes on the 
network; 2) Accuracy, consistency and equity: Loss allocation 
method must be accurate and equitable i.e. must avoid or 
minimize cross subsidies between users and between different 
time of use; 3) Utilization of metered data: From a practical 
standpoint it is desirable to base allocation of losses on actual 
metered data; 4) Simplicity of implementation: For any 
proposed method to find favor it is important that the method 
is easy to understand and implement. The main idea of this 
paper is to elaborate and evaluate the efficiency of two 
already proposed methods for loss allocation in distribution 
systems with dispersed generation. This methods are: 
marginal loss coefficients (MLCs) method [1] and nodal 
factor (NFs) pricing method [2]. By definition marginal loss 
coefficients measure the change in total active power losses 
due to a marginal change in consumption/generation of active 
and reactive power at each node in the network. The nodal 
factor pricing method determines the prices at different nodes 
in the distribution networks using nodal factors. These prices 
are short-run economically efficient and allocate losses on 
location. Paper begins with short theoretical elaboration of 
MLCs and NF methods. After that, this methods are 
implemented on real distribution network,  which is a part of 
the Distribution company in Bitola, Republic of Macedonia. 
Results of the implementation will be presented and discussed 

according to the requirements for ideal loss allocation. Several 
useful conclusion and problems with the efficiency of this 
method’s are presented. Power flow results will be used as 
input data for loss allocation with the elaborated methods. 

II. MARGINAL LOSS COEFFICIENTS AND NODAL 
FACTORS METHOD 

A. Marginal Loss Coefficients 

By definition MLCs measure the change in total active 
power losses  due to a marginal change in 
consumption/generation of active power  and reactive 
power  at each node i in the network. 

L
iP

iQ

 
i

Qi
i

Pi Q
L

P
L

∂
∂

=
∂
∂

= ρρ ~     ~  (1) 

where Piρ~  and Qiρ~  represent the active and reactive power 
related MLCs. If a user, i.e. generator, takes part in voltage 
control by injecting required reactive power (PV node); there 
are no loss-related charges for the reactive power  to be 
allocated. This is reflected by 

 0~ def

i
Qi Q

L
=

∂
∂

=ρ       i is a PV node (2) 

Since in load flow calculations, losses are deemed to be 
supplied from the slack node, the loss-related charges for this 
node are zero. In other words, total power losses are 
insensitive to changes in active and reactive injections at the 
slack node i.e. 

 0=
∂
∂

=
∂
∂

ss Q
L

P
L             s is the slack node (3) 

MLCs are a function of a particular system operating point. 
As there is no explicit relationship between losses and power 
injections the standard chain rule is applied in the calculations 
of MLCs using intermediate state variables, voltage 
magnitudes and angles. Therefore only a load flow solution 
for a particular system operating point is required to compute 
MLCs. 

Applying the standard chain rule, the following general 
system of linear equations can be established for calculating 
MLCs 
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Eqn. (4) can be written in a more compact form as follows: 

 bρA =⋅~  (5) 

Matrix A is the transpose of the Jacobian in the Newton-
Raphson load flow and can be calculated on the basis of load 
flow results for a particular system operating point. The vector 
ρ~  represents MLCs whereas the right-hand vector b 
represents sensitivities of total losses with respect to voltage 
angle and magnitude ( U,θ ). Total system active loss L is 
given by: 

  (6) [ ]∑∑
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jijijiij UUUUGL

1 1

22 )cos(2 θθ

Therefore the entries of vector b in eqn. (5) are 
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Note that there are no equations for any voltage-controlled 
node as by definition the MLC with respect to reactive power 
for any such node is zero. The result of applying MLCs 
calculated in accordance with the procedure outlined yields 
approximately twice the amount of losses. That is: 

  (9) [ ] LQP
N
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Therefore there is a need of reconciliation. Constant multiplier 
reconciliation factor  is introduced in order to obtain vector 
of reconciled MLCs 

0k
ρ . The factor  is calculated as 

follows: 
0k
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The vector of reconciled MLCs ρ  is then calculated as 
follows: 

  ~
0 ρρ ⋅= k  (11) 

Reconciled MLCs enable the allocation of the total system 
active power losses to individual users such that: 
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B. Nodal factor pricing method 

MLCs are used for defining nodal factors [2]. The prices 
which in the same time are optimizing the global system and 
individual user of the system are defined as follows: 
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where respectively is the active and reactive power 

injected by generator in bus ;  respectively is the 

active and reactive power consumed by demand in bus ; 
is the price that a generating type network user will offer 

for one unit of active energy at bus ; is the price that a 

demand type network user will pay for one unit of active 
energy at bus ; similar definitions but for the 

reactive energy; 

gg kk QP ,

gk

pk

pp kk QP ,

gk pa

pk

gkpa

pk

pk
gk prpr ,

λ  is the price of electric energy on the 
wholesale market at the connection bus between the 
distribution and transmission network.   

These prices define the economic dispatch and correspond 
to what is widely known as nodal pricing. As seen before, the 
active energy marginal prices result from the product of λ  
by the factor: 
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If we make the following change of variables, 
pkk PP = and 

, it results 
gkk PP −= ⎟⎟
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Fig. 1. Case studied 10 kV distribution network 

P
L1  as the active NF corresponding to bus 

k ( ). In the same way, it is possible to define the 

reactive NF for bus k as 
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k
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III. APPLICATION AND EVALUATION OF THE 
ELABORATED METHODS 
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Fig. 2. Total network losses variation for typical winter  

working day  

Let us consider real radial 10 kV distribution network of 
Fig. 1, which is a part of the distribution network of 
Distribution Company-Bitola. There are different types of 
loads in the nodes of this network and to provide realistic load 
variations, several customer types are included in the analysis, 
using typical daily load profiles. Application of the elaborated 
methods is performed on hourly basis for two extreme cases: 
typical winter working day and summer Sunday. As input data 
for allocation of losses with the methods, power flow 
calculations with Newton-Raphson are used. DG is working 
with constant output and constant power factor during the 
considered typical days. It is important to mention that in bus 
TS Pumpi Vodovod where HEC Dovledzik is placed, there is 
a consumer also and DG is supplying energy to the consumer 
and the rest of the energy injects into the network. In order 
better to obtain the influence of DG on network losses, power 
flow calculations are performed for two scenarios for each 
case: base scenario (without DG) and scenario with DG. 

On Fig. 2 variation of network losses is shown for typical 
winter working day for the two scenarios. It is obvious that in 
scenario with DG, network losses are increased only in the 
period of low load conditions between 2 and 4 hour, until in 
the rest of the day DG is significantly decreasing network 
losses. On Fig. 3 variation of network losses is shown for 
typical summer Sunday for the two scenarios. From this 
results it can be concluded that DG decreases network losses 
during hall day. These analysis is done in order better to 
evaluate the results from loss allocation obtained with MLCs 
and NFs method.   

On Fig. 4 loss allocation profiles in kW for network busses 
are shown with MLCs method, for a typical winter working 
day. On Fig. 5 active energy (power) NFs variation for a 
typical winter working day is illustrated. The connection bus 
(10 kV Bitola 4) between the distribution and transmission 
network is considered referent bus with active 1=NF . 
Because of the lack of space reactive NFs variation is not 
shown. From loss allocation profiles with MLCs shown on 
Fig. 4, it can be concluded that DG HEC Filternica in periods 
of low load between 0-7 and 15-24 hours has positive 
allocation of losses, what means that it should pay for 
increasing network losses. In the same period the bus TS 
Filetrnica which is a consumer bus, has a negative allocation 
of losses, what means it should be rewarded for decreasing 

network losses. This is a classical example of cross subsidy, 
because according to the results for the total network losses 
for base scenario and scenario with DG it is obvious that 
network losses are decreased from the DG HEC Filternica. 
The same conclusions can be developed from Fig. 5 where 
active NFs are shown for a typical winter working day. In the 
period of low load between 0-7 and 15-24 hours, active NFs 
for DG HEC Filternica are less than 1, what means it gets low 
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Fig. 3. Total network losses variation for typical summer Sunday 
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-er price for injected active electric energy from the price in 
referent bus, because it increases losses in the network. In the 
same time bus TS Filternica which is a consumer bus and 
some other consumer buses receive lower price of active 
electric energy. This means that consumers are decreasing the 
losses in the network.  
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Fig. 4. Network buses loss allocation profiles in (kW) with MLCs for 

typical winter working day 

On Fig. 6 loss allocation profiles in kW for network busses 
are shown with MLCs method, for a summer Sunday. On Fig. 
7 active NFs variation for a summer Sunday is illustrated. 
From loss allocation profiles with MLCs shown on Fig. 6, it 
can be concluded that DG HEC Filternica in period between 
0-19 hours has positive allocation of losses, what means that it 
should pay for increasing network losses. In the period of 0-9 
hours and 15-19 hours the bus TS Filetrnica which is a 
consumer bus, has a negative allocation of losses, what means 
it should be rewarded for decreasing network losses. This is 
also a classical example of cross subsidy, because according 
to the results for the total network losses for base scenario and 
scenario with DG for summer Sunday (Fig.3), it is obvious 
that network losses are decreased from DG HEC Filternica. 
The DG HEC Dovledzik in the bus TS P.Vodovod has 
positive allocation of losses during 24 hours and it is very 
close to zero because during summer Sunday this generator is 
used for supplying the consumer in the same bus. The same 
conclusions can be developed from Fig. 7 where active NFs 
are shown for a summer Sunday. In the period between 0-9 
and 15-19 hours, active NFs for DG HEC Filternica are less 
than 1, what means it gets lower price for injected active 
electric energy from the price in referent bus, because it 
increases losses in the network. In the same time, bus TS 
Filternica which is a consumer bus and some other consumer 
buses receive lower price of active electric energy. This 
means that consumers are decreasing losses in the network. 
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Fig. 5. Network buses active NFs profiles for typical winter working 

day 
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Fig. 6. Network buses loss allocation profiles in (kW) with MLCs for 

typical summer Sunday 

IV. CONCLUSION 

This paper has investigated the efficiency of two already 
proposed methods for loss allocation in distribution systems 
with dispersed generation: MLCs method and nodal factor 
NFs pricing method. Results of this analysis illustrates  that 
MLCs and NFs methods are producing temporal and spatial 
cross subsidies. According to requirements for ideal loss 
allocation this two methods does not fulfill two basic 
conditions for ideal allocation: economic efficiency and 
eliminating cross subsidies. 
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Fig. 7. Network buses active NFs profiles for typical summer Sunday 
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Comparison of Production on a Cascade-Connected 
Hydro Power Plant, with Daily and Monthly Reference 

Mile Spirovski1 , Arsen Arsenov2  and Acevski Nikolce3 

Abstract – This paper work deals with the area of exploitation 
of electro energetic systems bound with accumulations that are 
hydraulically connected. That type of connections produce 
complex exploitation, consequently the work of any power plant 
from the hydraulic array is influential on the work of the other 
accumulation and the power plant of that accumulation. There 
professional packages like HEC DSSVue and HEC5 are used. 
Using the huge data base in which beside the given there is a 
hydrological array of data for accumulation hydrographs, there 
are elaborated associated accumulations work simulation in 
tandem connection and parallel connections.  

 
Keywords – Cascade connected hydro power plant, . 

I. INTRODUCTION 

This paper deals with the area of exploitation of electro 
energetic systems bound with accumulations that are 
hydraulically connected. That type of connections produce 
complex exploitation, consequently the work of any power 
plant from the hydraulic array is influential on the work of the 
other accumulation and the power plant of that accumulation. 
Additional hardship is created by the numerous restrictions 
that have to gratify the power plants like one complete unit, 
for example: minimal and maximal licensed expiration 
through captivation constructions care for the capacity of the 
addictive pressure tube and narrow drainage passage, allowed 
velocity quickness of increase drain through tubes, changes of 
the accumulations rates satisfying the given hydrographs 
which define direct water takeoff from the analyzed 
accumulation for drinking water, industry, irrigation systems. 
A special problem during the exploitation of accumulation 
systems is the management while crises occur, like in the 
flood periods.  

In this paper, withstanding the basic principles for 
maintained continuity and mouth of movement, some methods 
for hydrograph transfer analysis through accumulations and 
canals are elaborated. Professional packages like HEC 
DSSVue, HEC5 for the determination of technical and energy 
parameters of hydro power plants are used, in the content of 
accumulations and the accumulations themselves. By using 
world experiences connected with the exploitation of 

accumulations allocated criteria for accumulation use are 
elaborated. Using the huge data base in which beside the 
given there are hydrological array of data for accumulation 
hydrographs, associated accumulations work simulation in 
tandem connection and parallel connections are elaborated. 
With respect for the special conditions and restrictions for 
given system reservoirs on the river Treska simulations for 
daily working regimes are performed. The results are 
presented in the paper in tables and graphical form.  

The results of the analysis show that the system of 
hydroelectric power plants HPP Kozjak, HPP “St. Petka” and 
HPP Matka 1 is a well projected system besides the small 
amount of over spills that Matka 1 can obtain even in an 
average year. Results of the simulations show us the 
introduction of equivalent accumulation and exploitation of 
accumulation system criteria on the basis of criteria for 
maintenance equivalent level is usable in our conditions, but 
has not been used in our past experiences which can be 
concluded from the technical data for the present and new in 
the future energetic constructions. Some difficulties connected 
with the secure biological minimum of HPP Matka 1 can be 
perambulated by giving a special task for that purpose to HPP 
“St. Petka”, HPP Kozjak or to both of them, which is 
expressed on their potential production of electrical energy. 

II. ANALYSE OF CASCADE WORK OF THE HYDRO 
POWER PLANT ON RIVER TRESKA 

In this paper accumulations and their energy and hydraulic 
restrictions, as well as other characteristic will be processed 
on the cascade connected system on the Tresca River, given 
on figure 1. The HPP St. Petka and HPP Matka 1 have a 
smaller size of accumulations in respects to HPP Kozjak, and 
we must economic calculate with them. 

HPP Kozjak

HPP St. Petka

HPP Matka

q

1q

2q

3q

 
Fig. 1 System on the Treska River. 

 
HPP Kozjak is the first of the series of cascade connected 

hydro power plants on the Treska River. In Kozjak are 
installed two aggregates, both of them with  sm /50 3
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TABLE I 
POSSIBLY SOLUTION FOR FRANCIS TURBINE ON HPP KOZJAK 

 
TABLE II. 

TYPICAL PERFORMANCE FOR FRANCIS TURBINE ON HPP 
KOZJAK 

discharge. The professional program HEC5 gives 10 possible 
solutions for hydro turbine, with characteristics that are given 
on Table I and Table II where the maximum output 
performance, net head, discharge, coefficient of cavitation etc 
are shown. 

     Saint Venan equations, also named basic equations, are 
used to describe the spreading of the given water wave in an 
open canal. Depending of how much is the number of 
elements in the structure of a model which describes the 
movement of the wave, water waves can be classified as: 
dynamic waves, gravitation waves, diffusion and kinematic 
waves. For example, the dynamic wave foresights all the 
members in structure of Saint Venan equation for keeping the 
quantity of movement. Gravitation wave disregards the effect 
of obeisance on trough, and the effect of rubbing which 
develops between the water and the walls of the river. 

If we disregard the article , we take other articles 
in the equation for maintenance quantity of movement. A 
kinematic wave takes only the effects of existing scrap which 
develops between the water and the walls of the river trough. 
For Saint-venan equations we can write: 

)( 0 fSSg −

• Equation for keeping the continuity: 
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• Equation for keeping the quantity of movement, or 
equation for keeping the impulse.  
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Where the x is distance thought the river in m, t is time in s, 
A is the surface of a transverse cut in m2 , y is level to surface 
of the water to the canal in m, So is bottom  scrap to the canal 
(negative): q is inflow of water (continual inflow of water 
thought the unit length of the canal-from the lateral side) in 
(m3/s)/m; fS  is the incline of scrub and it can be determined 
with help of the equation of Manning: 

 3/42

22

RA
QnS f =  (3) 

and g is earth acceleration, in  ms-2  . 
R is hydraulic radius, Q is expiration in m3/s;  is 

coefficient of roughness or Manning coefficient. 
n

Equations (1) and (2) can be written in this form: 

• Equation for keeping maintenance: 
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• Equation of keeping the quantity of movement: 
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B is amplitude of the glass area to the water in the canal 
(m), α is a coefficient of allocation of the speed through a 
given cross section, h is depth of water in the canal (m), 

III. BASIC EQUATIONS OF CONTINUITY 

Counting methods related to transfer of hydrographs 
through canals and accumulations are based on the principles 
of keeping the mass (continuity equation) and keeping the 
dynamic equality of the impulse. 

Continuity equation is shown keeping the mass which 
means that the change of accumulation is equal to the inflow 
of water, minus expiration: 

 
dt
dSOI =−  (6) 

t is time in seconds, and S is accumulation volume (m3), 
that is the volume between two sections in the canal. I is 
inflow in  m3  (is inflow entry and any other which is entering 
into the canal between two sections), O is expiration in  m3/s, 
(here is the out stream and any other lost of water, for 
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example infiltration over the bottom of the canal, taking water 
for other needs and other sort of taking away). 

The equation for keeping the quantity of movement is a 
dynamic equation and it is the same as the Second Newton 
law: according to the change of quantity of movement it’s the  
sum of all strengths which effect the examined volume,  

 F
dt
mvd

∑=
)(  (7) 

Namely, m is the mass in kg, v is the speed in m/s, moving 
to the water volume between two sections into the canal. The 
sum of the strength F includes the pressure, rubbing and 
gravitation conditions. 

The transfer of mass includes decision which takes 
foresight of the continuity equation and equation of a moment. 

As a result of the analyses of a daily work to hydro power 
plants of Treska River inclusive results are received in table 
and diagram forms. Table results are represented in a 1000 
pages and because of their inclusive are not shown in paper 
work. Only the interesting results are represented in graphic 
form. As a result of the analyses the following dependencies 
of: level of three accumulations in a function of time, time 
dependencies of net falls of the center, capabilities, expected 
productions, expirations, factors of power plant, natural, 
regulated and cumulated hydrographs in places named as 
control points are received. At the same time results of the 
accumulation level in any temporal period are received. 
Special specification of this output results indicate a so called 
case analysis that allows for any precise expiration in a 
different time interval to give a reason for that expiration. 
Accumulations of three power stations, especially HPP 
Kozjak should be exploitive in any time of the year, at the 
beginning and at the end of the year have same level. 
Certainly, accumulation of HEC Kozjak is over year so, if 
they want to use it the same as it is it’s necessary to specify 
the wanted level, and at the beginning and end of the year it 
can be different. Used program support gives opportunities to 
define a benchmark level, to attach a bit in determined seasons 
or at the end of the month. 

Beside technical and power characteristics for 
accumulations and hydro power plants, to realize the power 
analyses, we can use the hydrological diagram to water inflow 
in any accumulation. In this case, foresight is taken only for 
the hydrograph of Kozjak accumulation and other inflows are 
ignored and there is no problem to foresight it. Ignoring is 
made for the easy following of the received results. In fig.2. 
the hydrograph of HPP Kozjak is shown in two ways: 
continual curve presents the curve of mid-day inflow in this 
accumulation for  the year 2004, which was transgression year 
and because of that, the number of elaborated time intervals is 
not 8760, but 8784 time intervals. On the basis of the average 
month inflow, that hydrograph is shown in a same picture 
with broken line. The hydrograph for a month average inflow, 
at the analyses is calculated that in any day, in any time 
interval, thought one month the inflow is the same to the 
average month. This idea to select hydrograph represented in 
two ways is to examine influence of month hydrographs, 
when are used for daily simulations of work to the hydro 

power plants. This thought is based of the fact that in practice, 
we have in disposal with average month hydrographs on a 
given location, than with average daily hydrographs. 

 

 
Fig 2. Hydrograph with medial inflow with month and daily 

parameters. 

IV.  RESULT RELATED TO HPP KOZJAK 
ACCUMULATION 

On fig.3 are represented the changes of levels to HPP 
Kozjak accumulation, in case at hydrograph of the standard 
daily inflows and standard month inflows on a base to daily. 
We can conclude in that case of hydrograph usage, with 
standard daily inflows, oscillation of levels in fig3 (in wet and 
dry seasons all over the year. 

On picture 4 and 5 are illustrated the change of levels, 
accumulation levels, outflow, and expected production of 
power energy for HPP Kozjak, in a case of month and daily 
inflows. We can see that all variables are in the permitted 
circle. It can be seen that oscillation of levels are in permitted 
reservoir levels, and there are periods through  the year when 
HPP Kozjak accumulation is under level, and it is same to the 
Buffer volume, which is a result of the HPP Kozjak task (to 
control biological minimum at HPP Matka1). When HPP 
Kozjak works with a lesser flow, it doesn’t produce power 
energy, because its flows are not enough for moving the hydro 
turbines. 

From this index levels it can be seen that HPP Kozjak 
accumulation will never achieve 3 level (conservation level). 
Analyses shows that in a case the duties for biological 
minimum at HPP Matka 1, assurance HPP St. Petka, then HPP 
Kozjak accumulation for a long time it is going to work whit 
level that is responsive to level 3.   

From this index levels it can be seen that HPP Kozjak 
accumulation will never achieve 3 level (conservation level). 
Analyses show that in case the duties for biological minimum 
at HPP Matka 1, assurance HPP St. Petka, then HPP Kozjak 
accumulation is going to work with a level that is responsive 
to level 3 for a long time. 
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Fig 5. Optimal outflow, levels, energy generated on HPP Kozjak 

with daily parameters. 

 
Fig 3. Variety of level on accumulation on HPP Kozjak. 

 
Fig 4. Optimal outflow, levels, energy generated on HPP Kozjak 

with monthly parameters. 

V. CONCLUSION 

There is an elaborated and used program software for 
complicated power analyses and its usage in all conditions is 
adapted. 

It can be concluded that the differences in the results are 
unimportant, dispensable of that if simulations are made with 
hydrograph on the principle of standard daily inflows or 
standard monthly inflows. That means, technical 
documentation, practical in all levels can be produced, with 
exactness, and with hydro bases (like the bases in our 
country). 
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Dynamic Load Modelling  
of Some Low Voltage Devices 
Lidija M. Korunovic1, Dobrivoje P. Stojanovic2   

 
Abstract – This paper presents the results of dynamic load 

modelling for some frequently used low voltage devices. The 
modelling of long-term dynamics is performed on the basis of 
step changes of supply voltage of the heater, incandescent lamp, 
mercury lamp, fluorescent lamps, refrigerator, TV set and 
induction motor. Parameters of dynamic exponential load model 
of these load devices are identified, analyzed and mutually 
compared.  

Keyword – Load modelling, Dynamic characteristics, Low 
voltage devices 

I. INTRODUCTION 

It has been long recognized that exact load flow calculation 
is necessary for successful exploitation, control and planning 
of distribution networks. The accuracy of network condition 
calculation depends on the precision of input load parameter 
data. Therefore, numerous researchers have investigated load 
modelling in the past and proposed various load models. All 
load models can be divided into two groups, static and 
dynamic, and their application depends on concrete problem. 
Static models are mostly used for steady-state condition 
calculations, and dynamic models for studying dynamic 
phenomena. The majority of static and dynamic load model 
parameters were determined from field measurements at 
middle and high voltage levels.  

However, load characteristics at higher voltage levels 
depend on load composition at lower voltages. If the 
composition and load component parameters are known, 
equivalent load parameters can be determined by aggregation 
method [1], [2]. Generally, static load model parameters of 
individual low voltage load components are reported in 
literature. These are parameters of most frequently used 
exponential and polynomial static load models [3], [4].  

Studying of dynamic phenomena, however, require the 
knowledge of dynamic load model parameters. These 
parameters are mostly obtained by field measurements, but 
these measurements are very expensive and also it is not 
practical to perform them at many buses of the system. 
Therefore, although measurement based approach is better 
than composite based approach, since the load composition is 
very difficult to determine and it changes with time, the latter 
can be used as alternative way to determine dynamic load 
model parameters of equivalent load.  

 

1Lidija M. Korunovic is with the Faculty of Electronic 
Engineering, Aleksandra Medvedeva 14, 18000 Nis, Republic of 
Serbia, E-mail: lidijak@elfak.ni.ac.yu 

2Dobrivoje P. Stojanovic is with the Faculty of Electronic 
Engineering, Aleksandra Medvedeva 14, 18000 Nis, Republic of 
Serbia, E-mail: dstojanovic@elfak.ni.ac.yu 

Dynamic load model parameters of low voltage devices are 
very rarely treated in previously published literature [5]. Thus, 
the parameters of most frequently used exponential dynamic 
load model at middle and high voltage level, which is also 
confirmed to be suitable for modelling of middle voltage 
network load of city of Nis [6], are not identified for low 
voltage devices by now. Therefore, the aim of this paper is to 
investigate long-term dynamic performance of some 
frequently used low voltage devices which are components of 
previously investigated total load in Nis: to check the 
adequacy of the model and to identify its parameters. Many 
laboratory tests on low voltage devices are performed and the 
most significant ones are presented in the paper.  

II. ADOPTED DYNAMIC LOAD MODEL 

On the basis of field measurements the mathematical model 
that describes real and reactive power responses to voltage 
step is proposed in [7]. This model is called exponential 
dynamic load model and it is used very often mainly for 
voltage stability studies. According to the model real power 
response to the voltage change is given by Eqs. (1) and (2): 
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where  - real power recovery,  - initial value of real 
power before the voltage change,  - initial voltage value, 

 - real power recovery time constant, 

rP 0P

0U

pT sα  - steady state real 

power voltage exponent, tα  - transient real power voltage 
exponent and  - real power consumption.  lP

Real power response to voltage step change according to 
Eqs. (1) and (2) is presented in Fig. 1. Following the voltage 
decrease real power immediately decreases to  value, 
and then recovers exponentially to the value , i.e., the 
new steady state value, determined by load parameters. 

)(UPt

)(UsP

Reactive power (Q) response can be represented using the 
same form of Eqs. (1) and (2), and is not given here due to the 
space limitation. In mathematical model for reactive power 
response the corresponding symbols and coefficients have the 
following meaning:  - reactive power recovery,  - 
initial value of reactive power  before the voltage change,  

- reactive power recovery time constant, 

rQ 0Q
Tq

sβ  - steady state 
reactive power voltage exponent, tβ  - transient reactive 
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power voltage exponent and  - reactive power 
consumption. 

lQ

 

Fig. 1.  Load response to voltage step 

III. LOAD MODEL PARAMETER IDENTIFICATION 

Laboratory tests are performed in order to check whether 
exponential dynamic load model is adequate for modelling of 
some most frequently used low voltage devices or not, and if 
yes, to identify the parameters of these devices. The 
experiments comprehend abrupt change of supply voltage of a 
device according to the schema from Fig. 2.  

During the experiments effective (rms) voltage values 
, real  and reactive power  are recorded 

every second (sampling rate 1Hz) by digital data acquisition 
device, Chauvin Arnoux C.A. 8332. Initial value of device (D) 
voltage is adjusted by auto-transformer (AT) when switch 
(SW) was closed. Voltage step-down is simulated by 
switching off the SW. The value of the voltage change is 
adjusted by regulating resistor, R. Step-up of the voltage to 
the initial value is simulated by switching on the SW. 

)(tU )(tPm )(tQm

 
Fig. 2. General schema of laboratory tests  

 
Load model parameters of real power ( sα , tα , ) are 

identified using least square method [6] by minimizing the 
following objective function 
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where  and  denote measured and simulated 
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according to Eqs. (1) and (2). Parameters of reactive power 
( sβ , tβ , ) are obtained by minimizing the objective 
function similar to Eq. (3) with measured reactive power 
response, , and simulated reactive power response 
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IV. ANALYSIS OF THE RESULTS 

The laboratory experiments are performed on 
representatives of some frequently used low voltage devices: 
heater, incandescent lamp, mercury lamp, fluorescent lamps, 
refrigerator, TV set and induction motor, whose data are given 
in Appendix. Many measurements are performed to 
investigate long-term dynamics of these devices, but here are 
presented the most characteristic results.  

On the basis of measurements with power analyzer C.A 
8332 that averages the results every second (do not storage the 
data that correspond to the processes shorter than 1s), the 
representative of resistive load devices - the heater, 
momentary changes its power with voltage change and retains 
this value during whole experiment (see Fig. 3 obtained when 
the heater operated with one heating element). Therefore, the 
power response can be modeled by exponential dynamic load 
model which voltage exponents are equal, 1.952=≈ ts αα , 
and time constant is negligible, i.e. . Then, maximum 
deviation of measured values from the model is -0.836%.  
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Fig. 3. Measured and simulated response of heater power  

to voltage step-down of 20% 
 

Similar power response to step voltage change has 
incandescent lamp, but voltage exponents are smaller, they are 

483.1=≈ ts αα . Exponential dynamic load model with these 
exponents and time constant , models real power 
response to voltage change very well, because maximum 
deviation of measured values from the model is -0.403%. 

sTp 0=

Results of measurements during one voltage step-down 
experiment on mercury lamp (250W), as well as simulated 
real and reactive power responses, are presented in Fig. 4. 
Real power of mercury lamp changes with step voltage 

320 



 

change and keeps its new value, so 441.2=≈ ts αα  and 
. Introducing these parameters in exponential 

dynamic load model yield maximum deviation of mercury 
lamp real power response to the voltage change from 
simulated response is 0.982%. On the other hand, reactive 
power of mercury lamp recovers after the voltage change. 
Thus, measured power response can be fitted quite well with 
the model whose parameters are 

sTp 0≈

318.3=sβ , 535.3=tβ  and 
, because correlation coeficient [8] is 0.973 and 

maximum deviation of measured values from the model is 
0.811%. For better insight, Fig. 5 presents zoomed reactive 
power response of the mercury lamp to the same voltage step-
down and corresponding model.  
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Fig. 4. Measured and simulated response of mercury lamp real and 

reactive power to voltage step-down of ≈20%  
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Fig. 5. Zoomed measured and simulated mercury lamp reactive 

power response to voltage step-down of ≈20% 
 

Experiments are also performed on another mercury lamp 
whose rated power is 125W. The results obtained from the 
same voltage change, step-up of 10% are mutually compared: 
identified parameters of 125W mercury lamp are 

497.2=≈ ts αα , , sTp 0≈ 327.3=sβ , 565.3=tβ  and 

, while the parameters of 250W lamp are sTq 47.24=

389.2=≈ ts αα , , sTp 0≈ 170.3=sβ , 387.3=tβ  and 

. Voltage exponents sTq 41.43= sα , sβ  and tβ  of 
considered lamps differ from each other 4.52%, 4.95% and 
5.26%, respectively. Difference between reactive power time 
constants is much larger although both lamps belong to the 
same class of devices (outdoor lighting). Thus, reactive power 
time constant of 250W lamp is even 77.4% greater than 
corresponding time constant of 125W lamp. 

Real power of fluorescent lamps similarly changes with the 
voltage change as real power of mercury lamp does it - 
“momentary” change its value and keeps it constant 
afterwards. Thus, on the basis of experiment, performed on 
the group of fluorescent lamps in one room, from Fig. 6, 
similar real power parameters are obtained to those for 
mercury lamp, i.e. 466.2=≈ ts αα , . Concerning 
these parameters maximum deviation of measured values 
from the model is -0.659%. On contrary, after voltage step-up 
reactive power of investigated fluorescent lamps continue to 
increase slightly (see Fig. 6). So, voltage exponent 

sTp 0≈

sβ  of 
these lamps is greater than exponent tβ . In concrete case 
identified voltage exponents are 893.7=sβ  and 388.7=tβ  
(more than two times greater than corresponding parameters 
of mercury lamps), while time constant is . Fitting 
of reactive power response by the model with these 
parameters is very good because coefficient of correlation is 
0.949, and maximum deviation of measured values from the 
model is less than percentile.  
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Fig. 6. Measured and simulated response of fluorescent lamps  

real and reactive power to voltage step-up of 10% 
  

Characteristic of refrigerators is their on/off operation and 
relatively long transient after every beginning of on operation 
mode. Therefore, Fig. 7 presents the results of measurements 
during one experiment of voltage step-up during refrigerator 
steady-state operation conditions. Real power increases with 
voltage increase, and then oscillate around its new, average 
value with maximum deviation of 0.724%. Reactive power 
also changes with voltage and afterwards deviates at most 
0,814% from its new average value. Thus, load model 
parameters of the refrigerator are 0.533=≈ ts αα , , sTp 0≈

2.506=≈ ts ββ , sTq 0≈ .  
Experiments of the change of TV set supply voltage 

showed that its real power does not depend on voltage, while 
reactive power changes with voltage, approximately 0.3% for 
one percent of voltage change. After the voltage changes, both 
real and reactive power deviate from corresponding mean 
power value less than 5%.  

Measurements during the change of induction motor supply 
voltage from Un +10% to Un -10% are shown on Fig. 8. Since, 
available data acquisition device has sampling rate 1Hz, fast 
electromagnetic transient is not captured, and identified 
exponential dynamic load model parameters are 
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0.219=≈ ts αα ,  for real power and sTp 0≈

3.835=≈ ts ββ ,  for reactive power. The model is 
good for long-term dynamic studies because maximum 
deviation of measured values from simulated power responses 
are -0.266% for real power and -0.928% for reactive power. 
All other numerous experiments on induction motor approve 
that exponential dynamic model is quite good because neither 
in one case percentile deviation of measured values from 
corresponding simulated power response is greater than 1%.  
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Fig. 7. Measured and simulated response of refrigerator  

real and reactive power to voltage step-up (≈15%) 
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Fig. 8. Measured and simulated real and reactive power response  

of induction motor to voltage step-down of 20%  

IV. CONCLUSION 

The paper presents some of the results of numerous 
laboratory tests on representatives of most frequently used 
low voltage devices in order to model long-term dynamic 
performance of these devices. It is found that exponential 
dynamic load model is adequate because maximum deviation 
of measured power responses from simulated responses is less 
than 1% for all devices except TV set where these deviations 
are somewhat larger, but still less than 5%.  

Presented results show that identified parameters are quite 
different for devices belonging to different classes, i.e. sα  and 

tα  vary from 0 to 2,466, sβ  and tβ  from 2,506 to 7,893,  
from 0 to 102,12s. Therefore, proper modelling of total load 
of a bus requires precise knowledge of load composition. 
Also, it is established that in some cases the parameters of 
devices which belong to the same class differ from each other 
significantly. Thus, it is recommended to continue this 
research to create one comprehensive data base of parameters 

of many low voltage devices as input data for load modelling 
by component-based approach.  
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APPENDIX 

Electric heater: type 3kWh, Pn=3000 W, Un=220 V, fn=50/60 Hz, 
EMI “JEDINSTVO” - Backa Palanka 

Incandescent lamp: type A55, Pn=100 W, Un=230 V , “PHILIPS” 
- Made in Poland 

Mercury lamp:  
1. type HPL-N 125 W, “PHILIPS” - Made in Belgium,  
2. type HQL (MBF-L) 250 W, “OSRAM” - Made by Osram,  

Fluorescent lamps: type L18W/10, Daylight, Un=220 V, fn=50 Hz, 
“OSRAM” - Made in Germany,  

Refrigerator: type H728, Pn=135 W, Un=220 V, fn=50 Hz, 
“GORENJE” - Velenje 

TV set: type Ei COLOR 55100 TXT, Pn=65 W, Un=220 V, 
fn=50 Hz, Made in Yugoslavia 

Induction motor: type ZK90L2, Pn=2,2 kW, fn=50 Hz, 
Δ 380/Y 220 V, 5,2/3 A, cosϕ =0,86, nn=2885 min-1, “SEVER” - 
Subotica.  



 

The Analysis of Load Unbalance  
in Low Voltage Distribution Network of Nis  

Dobrivoje P. Stojanovic1, Lidija M. Korunovic2   
 

Abstract – This paper presents the results of measurements in 
transformer stations 10/0.4kV in the area of city of Nis that 
quantify the load unbalance in low voltage distribution network. 
The measurements are performed in transformer stations that 
supply the loads of different load types which are placed in 
different parts of the city. The inducements of unbalance are 
identified and concrete actions for unbalance decrease are 
suggested that will consequently decrease power and energy 
losses in the network. 

Keyword – Load unbalance, Losses, Distribution networks 

I. INTRODUCTION 

By rule, low voltage distribution networks are three-phase 
four wire networks with three phase wires and one neutral. 
Neutral is connected with grounded neutral point of the 
transformer. It is used for connection of single phase 
consumers and it can have protection function. If the load is 
balanced there is not neutral current. However, in real 
conditions, the load is unbalanced that causes the neutral 
current. The unbalance can be systematic and stochastic. 
Systematic unbalance is the consequence of single-phase 
devices that are not equally distributed among the phases. 
Stochastic unbalance is the consequence of different load 
diagrams of load devices.  

On the other hand, with the increase of usage of nonlinear 
load devices and apparatus, such are fluorescent lamps, 
mercury lamps, power converters, computers, TV sets etc., 
harmonic distortion of load currents increases, too. Therefore, 
harmonic currents which are multiple of three also flow 
through neutral, even single-phase nonlinear devices are 
equally distributed among the phases. Third harmonic currents 
of different phases (and all other harmonic currents which 
order is multiple of three) have the same angle, and these are 
summed in neutral. Thus, neutral current can reach the value 
1.73 times greater than phase current values [1]. 

Therefore, neutral current exists due to two reasons: load 
unbalance and nonlinearity of load currents. Both reasons 
cause the increase of real power losses in distribution 
networks, in lines and in transformers. Regarding the fact that 
low voltage network is branched, as well as the number of 
distribution transformers 10/0.4kV is huge, the problem of 
increase of losses owing to load unbalance and presence of 
neutral current can be potentially large. 

 
1Dobrivoje P. Stojanovic is with the Faculty of Electronic 

Engineering, Aleksandra Medvedeva 14, 18000 Nis, Republic of 
Serbia, E-mail: dstojanovic@elfak.ni.ac.yu  

2Lidija M. Korunovic is with the Faculty of Electronic 
Engineering, Aleksandra Medvedeva 14, 18000 Nis, Republic of 
Serbia, E-mail: lidijak@elfak.ni.ac.yu 

The aim of this paper is to determine the level of load 
unbalance by measurements at different locations in low 
voltage distribution network of city of Nis. Numerous 
measurements are performed for identification of unbalance 
load conditions in the area of Nis - measurements of 
transformer total load and the load of particular feeders. 
Comprehensive data is collected, hence this paper mostly 
presents and analyses the results of measurements that are 
performed at low voltage side of transformers. Also, low 
voltage feeders with the largest current unbalance are 
identified. These results provide the basis for concrete actions 
for load sharing among the phases that will decrease the 
losses. 

In order to obtain the right conclusions connected with the 
unbalance of low voltage distribution network of city of Nis, 
transformer stations (TS) in different parts of Nis and its 
surrounding are selected for measurements. These transformer 
stations supply different load types: 
1. residential load with central heating (TS “Duvaniste 7“, TS 

“Dom studenata“, TS “Cesalj“, TS “Bore Price 2“), 
2. residential load without central heating (TS “Medijana 2“), 
3. residential rural load (TS “Selo Gabrovac“), 
4. commercial load (TS “Dimitrija Tucovica 3“). 

Load unbalance is quantified by unbalance factor of 
currents according to formula 

 100⋅=
d

i
unb I

I
I , (1) 

where index i denotes inverse, and index d direct component 
of current [2, 3]. 

II. MEASUREMENT RESULTS  

Transformer stations that supply the residential load with 
central heating are selected in the way to be located in 
different parts of the city. Thus, TS “Duvaniste 7” and TS 
“Dom studenata” are in the wider area of Nis, and TS “Cesalj” 
and TS “Bore Price” are placed in the centre of the city.  

Large load unbalance is recorded in TS “Duvaniste 7” 
(2×630kVA). Phasor diagram of currents and voltages for 
early afternoon of a working January day (display of power 
quality analyser C. A 8332) is presented in Fig. 1. The picture 
shows that the magnitudes of phase currents are different and 
also it is obvious that angles between currents of two next 
phases significantly differ from 120° (131°, 106° and 123°). 

Measurements in this transformer stations were also 
performed during a week, from 19th to 26th January 2007. 
Average values of currents of certain phases in this period 
confirmed the existence of load unbalance: IL1=271.52A, 
IL2=239.41A and IL3=224.22A, thus average value of neutral 
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current was IN=60.27A. Mean value of unbalance factor of 
currents in considered period was Iunb=14.3%, while minimal 
and maximal recorded values of unbalance factor were 3.4% 
and 30.8%, respectively. 

 

I2

I3

 
Fig. 1. Phasor diagram of currents and voltages  

in TS “Duvaniste 7” 
 

In transformer station TS “Dom studenata” (630kVA) the 
measurements were performed from 19th to 26th December 
2007. The changes of phase currents and neutral current 
during the week are presented in Fig. 2. The figure shows very 
large current unbalance causing the average value of neutral 
current to be even 103.56A, and it is 36.67% of the mean 
value of the smallest phase current. Unbalance factor of 
currents in consider transformer station changed from the 
biggest values in early morning (between 5 and 6 o’clock) to 
the smallest values between 10 and 11 o’clock that is 
presented in Fig. 3. Mean value of unbalance factor of 
currents in the period of measurements was 10.18%, and 
maximum recorded value was 21.7%. 
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Fig. 2. Phase currents and neutral current in TS “Dom studenata” 
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Fig. 3. Unbalance factor of currents in TS “Dom studenata” 

TS „Cesalj” (1000MVA) is placed in centre of the city and 
supplies residential load with central heating as two 
previously mentioned transformer stations. Phasor diagram of 
currents and voltages recorded in the afternoon of a working 
February day is shown in Fig. 4. The currents from the figure 
are quite different, so unbalance factor of currents is 9.9%. 
Measurements during a week, from 14th to 21st February 2008, 
showed that average value of unbalance factor of currents was 
similar to the value from Fig. 4, it was 9.1%. Mean value of 
neutral current was IN=102.63A, that is 28.88% of the mean 
value of the smallest phase current (IL3=355.34A).  

I3

 

Fig. 4. Phasor diagram of currents and voltages in TS “Cesalj” 
 

Larger unbalance of currents was recorded in TS “Bore 
Price 2” (630kVA) in the centre of the city, that can be 
noticed from Fig. 5. This picture presents phase currents and 
neutral current during the measurements from 22sc to 29th 
February 2008. Average neutral current value in considered 
period was 76.6A, that is even 55.82% of the average value of 
the smallest phase current (IL1=140.15A). Average value of 
unbalance factor of currents in the same period of time was 
14.1%, similarly as in TS “Duvaniste 7” that is placed in 
wider area of the city.  
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Fig. 5. Phase currents and neutral current in TS “Bore Price 2” 

 
In transformer station TS “Medijana 2” (2×400kVA) that 

supplies residential load without central heating, the 
measurements were performed in autumn and in winter 2006. 
During the autumn (27.10-3.11.2006.) mean value of neutral 
current was 65.07A. Mean value of unbalance factor of 
currents was 13.8%, while maximum recorded value was even 
25.5%. During the winter (6-13.12.2006) the unbalance was 
smaller, thus average neutral current was 22.68A. Mean value 
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of unbalance factor of currents in this period was 8.5%, that is 
less than arithmetic mean value of unbalance factor of 
currents in four mentioned transformer stations that supply 
residential load with central heating in the same - winter 
season (11.9%).  

The measurements in rural settlement, in „Selo Gabrovac“ 
(250kVA), were performed two times - in the first and in the 
second half of November 2006, from 4th to 11th and from 15th 
to 22nd . Both measurements showed that values of currents 
and unbalance factor were similar: in the first half of 
November mean values of these variables were IL1=334.88A, 
IL2=306.81A, IL3=324.22A and Iunb=6.06%, and in the second 
half IL1=317.96, IL2=282.35A, IL3=303.48A and Iunb=6.70%. It 
means that the load of the network supplied by this TS is more 
equally distributed among the phases than the load supplied 
by all other previously mentioned transformer stations. The 
values of unbalance factor of currents in time domain are 
presented in Fig. 6. This figure shows that unbalance factor 
varies in the wide range, from 1.3 to 18.2% with large 
changes in all day periods.  
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Fig. 6. Unbalance factor of currents in TS “Selo Gabrovac” 
 

Phasor diagram of currents and voltages in TS “Selo 
Gabrovac” from Fig. 7 presents, among other things, that the 
angle between phase voltage and corresponding current is 
very small, i.e. the load in rural settlement is mostly composed 
of resistive load devices.  

V2

 

Fig. 7. Phasor diagram in TS “Selo Gabrovac” 
 

TS “Dimitrija Tucovica 3” (400kVA) supplies commercial 
load and one gas station. Phasor diagram of currents and 
voltages that is recorded before noon of one working 
December day is presented in Fig. 8. Then the load was rather 
equally distributed among the phases (IL1=101.0A, IL2=97.0A, 

IL3=107.6A) and unbalance factor was only 4.8%. However, 
the measurements during the week, in the period from 8th to 
15th December 2007, showed that mean value of unbalance 
factor of currents was 8.14% and that this factor varied in 
wide ranges, from 1.6% to 17.9%.  

Fig. 9 presents phase currents and neutral current during the 
same week, 8-15.12.2007. Then the average value of neutral 
current was 40.61A, that is 33.38% of the mean value of the 
smallest phase current.  

I3

 
Fig. 8. Phasor diagram in TS “Dimitrija Tucovica 3” 
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Fig. 9. Phase currents and neutral current  

in TS “Dimitrija Tucovica 3” 

III. ANALYSIS OF THE RESULTS  

All the results from Section 2, that are obtained on the basis 
of measurements during the week, show that the parts of low 
voltage distribution network supplied by considered 
transformer stations have significant load unbalance. This 
unbalance exists in all day periods, in all days of the week and 
varies in wide ranges for all investigated parts of low voltage 
distribution network of city of Nis. 

It is obtained that the mean value of unbalance factor of 
currents for the half of measurements was greater than 10% 
(see Table I): for TS “Duvaniste 7”, for “Dom studenata”, for 
“Bore Price 2” and for TS “Medijana 2” in October. In all 
considered parts of low voltage distribution network that 
supply residential load with central heating, mean values of 
unbalance factor were greater than 9%, and arithmetic mean 
value of this factor for these four transformer stations was 
11.9%. It is established that unbalance factor does not depend 
on the location of TS, whether it supplies consumers far from 
the centre or in the centre of the city.  



TABLE I 
AVERAGE VALUES OF UNBALANCE FACTOR OF CURRENTS AND NEUTRAL CURRENT, OF THE PART OF THE NETWORK SUPPLIED BY TS AND THE FEEDER 

Load class TS Month Iunb (T) 
[%] 

IN (T) 
[A] Feeder Iunb (feeder) 

[%] 
IN (feeder) 

[A] 
„Duvaniste 7” January 14.3 60.27 6 19.7 15.26 
„Dom studenata” December 10.2 103.56 0 41.6 35.53 
„Cesalj” February 9.1 102.63 0 31.9 16.25 

Residential with central 
heating 

„Bore Price 2” February 14.1 76.6 8 15.1 19.22 
October 13.8 65.07 1 54.2 34.3 Residential without 

central heating „Medijana 2” December 8.5 22.68 1 - 13.9 
Residential rural  „Selo Gabrovac” November 6.7 81.19 2 40.0 40.2 
Commercial „Dimitrija Tucovica 3” December 8.1 40.61 0 6.1 12.29 

 
For the measurements in TS that supplies residential load 

without central heating, TS “Medijana 2”, similar average 
value of unbalance factor is obtained (11.1%) as in the 
transformer stations that supply residential load with central 
heating. Transformer station TS “Dimitrija Tucovica 3” 
supplies commercial load that is more equally distributed 
among the phases (Iunb=8.1%). Mean value of unbalance 
factor of the currents measured in transformer station that 
supplies residential rural load, TS “Selo Gabrovac”, is the 
smallest one, 6.7%, but neutral current that causes additional 
losses in the network and in the transformer is large (81.19A), 
since this transformer station is pretty loaded.  

Regarding the fact that for all measurements in transformer 
stations unbalance factor of currents is greater than 6%, and 
for most of them is greater than 10%, it is necessary to 
identify the reasons of such unbalance and undertake concrete 
actions of load sharing among the phases for decrease of 
power and energy losses in the network. This sharing can be 
performed on the basis of measurements of the load of the 
feeders supplied by mentioned transformer stations. 

Many measurements are performed, but here are selected 
and presented the results of measurements only for the feeders 
with the largest load unbalances and the largest load currents. 
The measurements are performed simultaneously with the 
measurements of total load supplied by transformers. Since 
unbalance factor of currents varies in very wide range, 
average values of this factor obtained by measurements during 
one week are analyzed and presented in Table I together with 
average neutral currents of the feeders. 

It is shown that for six of seven considered feeders, 
unbalance factor of currents is greater than 10%, and for four 
of them this factor is greater than 20%. The largest unbalance 
is identified for feeder 1 in TS “Medijana 2” (54.2%), then for 
feeder 0 supplying outdoor lighting in TS “Dom studenata” 
(41.6%), and for feeder 2 in TS “Selo Gabrovac” (40%). 
Large unbalance of currents is recorded for feeders in 
transformer stations that supply residential load with central 
heating where arithmetic mean value of unbalance factor is 
27%, while arithmetic mean of neutral currents of this feeders 
is 21.56A. Therefore, it is suggested to share the load of 
mentioned feeders in order to decrease the unbalance of their 
currents and transformer currents, too. This will reduce 

neutral currents in considered parts of low distribution 
network and reduce additional power and energy losses. 

IV. CONCLUSION 

This paper presents the results of measurements in low 
voltage distribution network of city of Nis connected with 
load unbalance. The measurements at low voltage side of 
transformers 10/0.4kV that supply different load classes and at 
the begging of low voltage feeders, show that load unbalance 
exists in all periods of day and week. Average value of 
unbalance factor of currents during the week is greater than 
10% for the half of measurements of total transformer load 
and for almost all measurements of feeder load. This fact 
shows the necessity of sharing of phase currents for the 
feeders with the largest load unbalance and the largest neutral 
current that are identified in the paper. This sharing, together 
with the sharing on the basis of other numerous measurements 
in distribution network of Nis, would reduce the losses in low 
voltage distribution network of the city. 
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Application of Appratus for Magnetotherapy together 
with Amplipuls in Medicine 

 

Dimiter Tz. Dimitrov1 , Boncho A. Bonchev ,Atanas D. Dimitrov 3  2

 
Abstract – “The healing effect of  separate application of low 

frequency magnetic field generated by apparatus for magneto-
therapy is well known in medicine. The healing effect of separate 
application of middle frequency electrical signals with amplitude 
modulation generated by apparatus, called amplipuls is also well 
known. But a simultaneously application of low frequency 
magnetic field generated by apparatus for magneto-therapy  and 
middle frequency electrical signals with amplitude modulation 
generated by amplipuls is a new method in physiotherapy. The 
mathematical description and computer simulation of movement 
of ions in alive tissue in the case of simultaneously application of 
apparatus for magneto-therapy and amplipuls is the goal of  
present paper. These mathematical description and computer 
simulation are important not only for medical education , but for 
engineering education, also. 

 

Keywords - low frequency, middle frequency, amplipuls, 
magnetotherapy, education.  

I. INTRODUCTION 

The separate influence of apparatus for low frequency 
magnetic field for therapy of hand (for instance) can be seen 
on Fig.1 

 

 
Fig1.Separate application of  low frequency magnetic field for 

therapy of hand 

On the Fig.2 can be seen different electrical signals 
generated by amplipuls. The influence of electrical field is on 
alive tissues is only on the base these 1D-signals in the case of 
separate application of amplipuls.  
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Fig.2.Otput signals of amplipuls 

     
There are influence of two fields on the ions in alive 

tissues: electrical with intensity )(tE
r

and magnetic with 

magnetic induction )(tB
r

in the case of  simultaneously 
application of apparatus for magneto-therapy and apparatus 
for middle frequency electrical signals with amplitude 
modulation called amplipuls(Fig.3). 

 
 

 
Fig.3 Influence of electrical and magnetic signals on the ion, 

which in the centre of coordinate systems X,Y,Z 
 

II. MATHEMATICAL  DESCRIPTION AND COMPUTER 
VISUALIZATION OF MOVEMENT OF IONS 

A. Mathematical description 
 
According to the Fig.3, in the case of simultaneously  

application of apparatus for magneto-therapy and amplipuls 
(simultaneously influence of two fields on the ions in alive 
tissues: electrical with intensity )(tE

r
and magnetic with 
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magnetic induction )(tB
r

), the movement of ions can be 
described using the differential equations: 
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is the intensity of electrical field; 
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is the magnetic induction; 

im is the mass of ion; 

β is the angle between axis X and projection of  the vector 

of intensity of electrical field ),,,( tzyxE
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on the plane XOY; 
γ is the angle between axis Z and vector of  intensity of 
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the equations (1) can be written as equations (2): 
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where: 
m is the coefficient of amplitude modulation of electrical 

signals; 

1ω  is the frequency of low frequency electrical signal for 
amplitude modulation; 

2ω is the frequency of  carried electrical signal; 

3ω is the low frequency of magnetic signal; 

mE
r

 is the amplitude of electrical intensity; 

mB
r

is the amplitude of  magnetic induction. 
 
B. Computer visualization of movement of ions in alive 

tissues 
 
  The equations (2) can be solved by MATLAB. Their 
solutions can be investigated for different values of 
parameters. The solutions of equations (2) can be seen on 
Fig.4 in the case of  movement of ions of for the 
following values of parameters:  

+Na
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Fig.4a Movement and velocity of  ions on the axis X +Na
 
 

 
 

Fig.4b Movement and velocity of  ions on the axis Y +Na
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Fig.4c Movement and velocity of  ions on the axis Z +Na
 

 
 

Fig.4d    3D -trajectory of movement of  ions +Na
 
Separately on the axis X,Y and Z (Fig. 4a, Fig.4b and 

Fig.4c), the movements and velocities of ions are periodical 
because of the periodical “external” electrical and magnetic 
signals.The trajectory of movement of ions are 3D (Fig.4d). 
This is the main result of simultaneously application of 
apparatus for magneto-therapy and amplipuls. This is the main 
reason for obtaining of more fast healing effect. 

The trajectory of movement of ions depends to the value of 
amplitude of carried electrical signals in the process of 
amplitude modulation in the apparatus amplipuls. The results 
of investigation of trajectory and velocity of ions in the case 
when  
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    can be seen on the Fig.5. 
The trajectories and velocities on the axis X,Y and Z are 

again periodical because of influence of periodical external 
electrical and magnetic signals , but  there is lessening of 
values of amplitudes of functions of movements and velocities 
on the axis X,Y and Z. This effect is only because of  decrease 

of the value of amplitude of carried electrical signals of 
amplipuls.  The trajectory of movement of  ions is again 2D. 
It’s clear that changes are only quantitative. 

 

 
 

Fig. 5a Movement and velocity of  ions on the axis X +Na
 

 
 

Fig.5b Movement and velocity of  ions on the axis Y +Na
 

 
 

Fig.5c Movement and velocity of  ions on the axis Z +Na
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It’s clear that there is a rotation of  3D  trajectory of 
movement of  ions if the Fig.5d and  Fig.6 would be 
compared. Of course the trajectory is periodical because the 
external electrical and magnetic signals are periodical. 

 

III. CONCLUSION 

1.A mathematical descriptions and computer simulation of 
movements of ions in alive tissues in the case of 
simultaneously application of apparatus for magneto-therapy 
and amplipuls is described in the paper. 

2.An investigation of influence of different parameters of 
external electrical and magnetic signals on the movement of 
ions in alive tissues has been done in the paper. 

3.It’s clear that the trajectory of movement of ions is 3dD in 
the case of simultaneously application of apparatus for 
magneto-therapy and amplipuls. Fig.5d 3D -trajectory of movement of  ions +Na

 4.The trajectories and velocities of movement of ions in 
alive tissues are periodical if the external electrical and 
magnetic signals are periodical. 

The trajectory of movement of ions depends to the values 
of angles β  and γ  (Fig.3). The results of investigations 
which can be seen on the Fig.4 anf Fig.5 are for the values of 
these angles . The 3D trajectyory of movement 
of  ions when  

o45= =γβ
5.The obtained results , described in the paper can be used 

not only as scientific and one base for development of medical 
therapy , using new more effective methods, but for 
presentation in the process of education, also.  
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Fig.6 3D -trajectory of movement of  ions +Na
 
 
 
 
 
 
 

332 



 

Application of Appratus for Magnetotherapy together 
with Apparatus  for Permanent Electrical Field in 

Medicine 
 

Dimiter Tz. Dimitrov1 , Boncho A. Bonchev ,Atanas D. Dimitrov 3  2

 
Abstract – “The healing effect of separate application of  

permanent electrical field generated by apparatus, called 
galvanostad is well known. Usually penetrating of different  
drugs through the skin and dispersing of  these drugs in the alive 
tissues are on the base of  influence of permanent electrical field.  
The healing effect of  separate application of low frequency 
magnetic field generated by apparatus for magneto-therapy is 
well known in medicine, also. But the simultaneously application 
of low frequency magnetic field generated by apparatus for 
magneto-therapy  and permanent electrical field generated by 
galvanostat  is a new method in physiotherapy. The 
mathematical description and computer simulation of movement 
of ions in alive tissue in the case of simultaneously application of 
apparatus for magneto-therapy and galvanostat is the main task 
of  present paper. These mathematical description and computer 
simulation are important not only for medical education , but for 
engineering education, also. 

 
Keywords-low frequency magneto-therapy ,permanent 

electrical field, galvanostat .  
 

I. INTRODUCTION 
 

In the case of separate application of permanent electrical 
field, the vector of density ),,( zyxδ

r
of permanent electrical 

current in alive tissues depends only to the vector of intensity 
of electrical field ), zy,(xE

r
and specific conductivity of 

alive tissues σ .  
 

),,(),,( zyxEzyx
rr

σδ =                                          (1) 
 
Therefore the trajectories of movement  of ions of  drugs  

аre identical with the lines of the vector of intensity of 
electrical field ),,( zyxE

r
. It’s clear that the dispersing of the 

ions of drugs in the alive  tissues is limited. Because of that 
the process of therapy should be repeated  too many times and 
it’s impossible to be obtained good effect of therapy for a  
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short time. Usually  this effect is connected with reducing of 
pain. The pain can be reduced in the case of separate 
application of  permanent or low frequency magnetic field, 
also. The process of separate magneto-therapy is too long, 
also.   

In the case of  simultaneously application of apparatus for 
magneto-therapy and apparatus for permanent electrical field  
called galvanostad    there are influence of two fields on the 
ions in alive tissues: electrical with intensity )(tE

r
and 

magnetic with magnetic induction )(tB
r

 (Fig.1). 
 
 

 
Fig.1 Influence of electrical and magnetic field on the ion, which 

in the centre of coordinate systems X,Y,Z 
  
II. MATHEMATICAL  DESCRIPTION AND COMPUTER 

VISUALISATIUON OF MOVEMENT OF IONS 
A. Mathematical description 
 
According to the Fig.1, in the case of simultaneously  

application of apparatus for magneto-therapy and galvanostad,  
the movement of ions can be described using the differential 
equations: 

 

])(),,,(

cossin),,,([)(
2

2

dt
tdytzyxB

tzyxEq
dt

txdmi

+

+= βγ
 

333 

mailto:bbonchev@tu-sofia.bg


])(),,,(

sinsin),,,([)(
2

2

dt
tdxtzyxB

tzyxEq
dt

tydmi

+

+= βγ
            (2)                                            

γcos),,,()(
2

2

tzyxqE
dt

tzdmi =  

 
 
where: 

   ),,,( tzyxE
r

is the intensity of electrical field; 

),,,( tzyxB
r

is the magnetic induction; 

im is the mass of ion; 
q is the electrical charge of ions; 
β is the angle between axis X and projection of  the vector 

of intensity of electrical field ),,,( tzyxE
r

on the plane XOY; 
γ is the angle between axis Z and vector of  intensity of 

electrical field ),,,( tzyxE
r
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where: 

mB
r

is the amplitude of  magnetic induction of the low 
frequency magnetic field in every point. 

3ω  is the frequency of the magnetic field 
 

the equations (2) can be written as equations (4): 
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B. Computer visualization of movement of ions in alive 

tissues 
  The equations (4) can be solved by MATLAB. Their 
solutions can be investigated for different values of 
parameters. The solutions of equations (4) can be seen on 
Fig.2 in the case of  movement of ions of for the 
following values of parameters:  

+Na

]/1[502],[3],/[200 3 smTBmVE m πω ===
r

. 

The movement of ions is periodical because of the influence 
of  periodical magnetic field. The trajectory of ions are not 
identical with the lines of  the vector  of intensity of electrical 
field ),,( zyxE

r
.This trajectory is  3D curve (Fig. 2d) 

because of simultaneously influence of  low frequency 
magnetic field. Therefore in the process of ionophoresis 
(penetrating of different  drugs through the skin), the dispersing of 
the ions of drugs in the alive  tissues is in 3D space, also. 
The trajectory of ions are as circumference with variable 
radius. The changes of radius are periodical because of 
periodical magnetic signals. The planes of circumferences 
(as parts of trajectory of ions ) are parallel of  the plane XOY 
(Fig.2d). Because of distribution of ions of  drugs in 3D space, 
one good healing effect can be obtained in short time, 
reducing the number of procedures. 
 

 
 

Fig.2a Movement and velocity of  ions on the axis X +Na
 

 

 
 

Fig.2b Movement and velocity of  ions on the axis Y +Na
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Fig.4c Movement and velocity of  ions on the axis Z +Na
 

 
 

Fig.2d    3D -trajectory of movement of  ions +Na
 
The solutions of equations (4) can be seen on Fig.3 in the 

case of  movement of ions of for the following values of 
parameters: 

+Na
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Fig. 3a Movement and velocity of  ions on the axis X +Na
 

 

 
 

Fig.3b Movement and velocity of  ions on the axis Y +Na
 

 
Fig.3c Movement and velocity of  ions on the axis Z +Na

 
 

 
 

Fig.3d    3D -trajectory of movement of  ions +Na
 

The periodical character of 3D curve trajectory of ions can 
be seen more clear on the Fig.3d than on Fig.2d. The 
influence of the value of amplitude of magnetic induction 

mB
r

on the character of 3D trajectory is more significant than 

influence of  intensity of electrical field ),,( zyxE
r

. 
Therefore it’s easy to modify the character of  3D trajectory of 
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III. CONCLUSION movement of ions by change of  value of amplitude of 
magnetic induction . mB

r
1.A mathematical descriptions and computer simulation of 

movements of ions in alive tissues in the case of 
simultaneously application of apparatus for magneto-therapy 
and galvanostad is described in the paper. 

The character of this 3D trajectory can be modified easy by 
change of  the value of frequency of magnetic signals, also. 
The solutions of equations (4) can be seen on Fig.4 in the case 
of  movement of ions of for the following values of 
parameters: 

+Na
2.An investigation of influence of different parameters of 

external electrical and magnetic signals on the movement of 
ions in alive tissues has been done in the paper. 
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. 3.А mathematical evidence has been obtained  that the 
trajectory of movement of ions is 3D in the case of 
simultaneously application of apparatus for magneto-therapy 
and galvanostad. 

 
The number of specific “spirals” of 3D trajectory of 

movement of  ions increases as result of increasing of 
frequency of magnetic field. It can be seen after one 
comparison between Fig.3d and Fig.4. 

+Na 4.The trajectories and velocities of movement of ions in 
alive tissues are periodical if the external e magnetic signals 
are periodical. 

5.The obtained results , described in the paper can be used 
not only as scientific and one base for development of medical 
therapy , using new more effective methods, but for 
presentation in the process of education, also. 
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Fig.4    3D -trajectory of movement of  ions +Na
 
 

 
 
Fig.5 Visualization of 3D trajectory of movement of drug’s ions in 

process of ionophoresis in the case of simultaneously application of 
low frequency magnetic field. 

 



 

Wavelet Transform Based ECG QRS Detector 
Yuliyan S. Velchev1, Ognian L. Boumbarov2 

Abstract – In this paper an ECG QRS detection algorithm is 
described, based on continuous wavelet transform. It involves a 
significant improvement of the method with zero-crossing of the 
wavelet coefficients for edge localization in the QRS complexes. 
The characteristic points in QRS complexes are computed 
trough different scale wavelet decompositions. The QRS 
identification uses feature vectors composed of modulus maxima 
values, computed using continuous wavelet transform with the 
first derivative of the Gaussian function.  The QRS classification 
method is based on K-nearest neighbors algorithm (K-NN). 
 

Keywords – QRS detection, ECG analysis, ECG delineation, 
wavelet transform  

I. INTRODUCTION 

Although the electrocardiogram (ECG) is one of the oldest 
diagnostic tools in cardiology, its clinical significance remains 
undoubted. The development of the portable ECG recorders 
(Holters) gives the possibility for more accurate diagnosis of 
cardiac diseases at early stage. Also, manual analysis for more 
than 24h long ECG recordings is hard and impractical. For 
these reasons, researches in the field of automatic ECG 
analysis are still challenging.   

 

 
 

Fig. 1. Normal ECG  
 

The ECG is a record of the electrical activity of the heart 
muscle. The ECG signal is considered to be a non-stationery 
random process with outstanding cyclic recurrence. 
Significant ECG-information is found in the amplitude and 
time intervals between defined characteristic points. The 
following points shown on Fig. 1, determine the standard 
waves in human ECG: P-wave, QRS complex, T-wave and 

sometimes U-wave. The portion of ECG between two 
neighbor R points forms a full cardiac cycle. 

Boundary determination and classification of ECG waves 
and complexes (ECG delineation) is the main entry for 
automatic ECG analysis. The most significant approach in 
ECG analysis is to implement a probabilistic model in order to 
deal with non-stationery properties of the signal. Recently, the 
research it these probabilistic models is concentrated mainly 
in Hidden Markov Model (HMM) and Hidden Semi-Markov 
Model (HSMM). Very appealing results have been achieved 
by combining HMM and HSMM with wavelet transforms [7], 
which can be used as features of the signal [4], or can be used 
for edge localization and characterization [1].       

The QRS complexes are the most distinct part in the ECG. 
On the other hand, T and P-waves detection without any prior 
knowledge can be difficult due to their low sharpness and 
possible baseline drift. This is why QRS detection is used as a 
starting point in wide range of methods and algorithms for 
automatic ECG analysis. In addition, the information about 
shape and time of occurrence of the QRS complexes (cardiac 
cycle duration) can provide enough information for automatic 
diagnosis of some cardiac diseases such as sinus tachycardia, 
sinus bradycardia, sinus arrhythmia etc [10]. 

According to mentioned concept a QRS detector is present 
in this paper. As result from QRS detection is clustered ECG 
signal into cardiac cycles, which can be used to detect some 
cardiac diseases and to make an entry for full ECG delineation 
(determination of onset and offset of each standard ECG 
component). 

The remainder of this paper is structured as follows. In 
section II the different morphologies of the QRS complexes 
are discussed and grouped according to definite rules. Section 
III continues the work with detection of the characteristic 
points and boundaries of the QRS complexes, using wavelet 
transforms. Also, in this section, the features for QRS 
complexes identification are selected. In Section IV a QRS 
identifier is described, based on K-nearest neighborhood 
method. Section V shows experimental results and brief 
discussion.    

II. QRS MORPHOLOGY 

The proposed QRS detector is intended to detect only 
normal QRS complexes. Any abnormal QRS morphology 
should not be marked by the algorithm thus the abnormality 
can be detected in the next stage of ECG analysis, using the 
information from separated full cardiac cycles.  

The normal QRS complexes can be very different in their 
morphology (number of waves, dominant wave, etc). 

1Yuliyan S. Velchev is with the Faculty of Telecommunications,
Technical University of Sofia, Address: 8, Kliment Ohridski St.
Sofia-1000, BULGARIA, E-mail: julian_velchev@abv.bg 

 2Ognian L. Boumbarov is with the Faculty of 
Telecommunications, Technical University of Sofia, Address: 8,
Kliment Ohridski St. Sofia-1000, BULGARIA, E-mail: olb@tu-
sofia.bg 

Any positive deflected wave is labeled as R, if the wave is 
dominant or r if its size is relatively small. Any negative wave 
that appears prior to R wave is labeled as Q or q, respectively. 
Any negative wave coming after R wave is labeled S or s 
according to the abovementioned rule. If there is more than 
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one wave from a given type, the remaining waves are labeled 
with “prime” (‘), additionally. For example QRS, qRS, qR, 
Qr, rSRS’, etc.  

 Obviously, it is hard to build universal QRS identifier. So, 
the QRS complexes are grouped in several classes according 
to following rules: number of waves that form the QRS complex 
and dominant wave (waves) in the QRS complex. 

For each of these classes a set of separate QRS identifiers is 
built and trained with training set constructed from annotated 
ECG signals with the same QRS morphology.  

III. QRS BOUNDARY DETECTION  

Most of the characteristic points in the QRS complexes can 
be associated with local extrema of the ECG in given time 
interval. Many methods for QRS detection are based on signal 
derivatives [2]. A significant drawback is the insufficient 
robustness when high frequency noise is present.   

Wavelet transforms (WT) are widely used in automatic 
ECG analysis [1,3,5,6]. As can be seen below, they are closely 
related to signal derivatives, but the transform is less sensitive 
to high frequency noise.   

The wavelet analysis of the signal s(t) means 
decomposition of the signal using translated and scaled single 
prototype wavelet function ψ. This function has unit energy 
and zero average. The translation b and scaling a of the 
wavelet function is expressed by (3.1). 

 

( ),
1

a b
t bt
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ψ ψ −⎛
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⎝

⎞
⎟
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The WT of the signal s(t) is defined by: 
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For a fixed scale a the WT can be rewritten as convolution: 
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Where ( ) ( )a ab bψ ψ= −  
 
In terms of edge localization of the components forming the 

QRS complexes, the chosen wavelet function is the first 

derivative of a single Gaussian function:

( )1 tψ

( ) ( )1 d
dt
θ

=
t

tψ , where 

( )
2 /21

2
tt eθ

π
−= is the Gaussian function with unit width 

and zero position of the center of the peak. 
In this case the wavelet transform  can be 

expressed as proportional to smoothed first derivative of the 
signal s(t) by scaled version of Gaussian function 

(1 ,W s a b)

( )a bθ : 
 

( ) ( )1 , a
d

W s a b s b
db

θ⎡ ⎤⊗⎣ ⎦    (3.5) 

  
The onset and offset of a rising or falling edge in particular 

wave in ECG is derived from the zero-crossing of W1s(a,b) 
around each modulus maxima (MM) [8]. The MM is at any 
point b0, where ( ) ( )0Ws b Ws b< when b belongs to either a 

right or the left neighborhood of b0, and ( ) ( )0Ws b Ws b≤ when 
b belongs to the other side of the neighborhood of b0. 

The scale of the wavelet transform a gives the resolution of 
the edges, which can be detected. The small values of a give a 
better time resolution, and thus the onset and offset of the 
wave can be precisely determined, but the transform becomes 
sensitive to noise. So, achieving the good time resolution for 
QRS boundary detection with good noise robustness, a 
combination of wavelet transforms from different scales is 
applied.  

The algorithm uses wavelet transforms for boundary 
localization starting from higher scale and précising the 
currently determined point by lowering the scale before next 
iteration.   

As can be seen from Fig. 2, the boundaries of the QRS 
complexes can’t be detected precisely or even can be missed. 
The method with zero-crossing of W1s(a,b) is usually applied 
to detect the boundaries of “subclasses” in the ECG, formed 
by some parts of neighboring standard “waves”, such as the 
part between points Poff and R, R and Ton etc (Fig. 1). After 
“subclasses” classification, the boundaries of the standard 
waves are determined by rule, according to given ECG 
morphology. 

The proposed algorithm for QRS boundary detection is 
based on zero-crossing of W1s(a,b), applied not only on 
original ECG signal, but also on its appropriate wavelet 
decomposition and composition (Fig. 2). 

     
 

 
 

Fig. 2. QRS characteristic points detection: original ECG (thick 
line), wavelet transformed ECG with Coiflet-5, level 3 (thin line), 

detected characteristic points (dashed vertical lines) 
 

After determination of the internal characteristic points and 
successful QRS identification, the ECG signal is decomposed 
with WT to 8 levels of decomposition. At first iteration stage, 
the signal is composed back only from 3rd level. The 
approximated onset and offset of the QRS complexes are 
found by applying the same method with zero-crossing of 
W1s(a,b) on composed signal, before and after first and last 
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modulus maxima in QRS complexes. Iteratively the zero-
crossing method is applied on ECG composed from higher 
levels, thus précising the current onset and offset, until 
maximum accuracy for QRS boundaries detection is achieved. 

IV. QRS IDENTIFICATION 

As mentioned above, the QRS complexes occupy higher 
frequency regions in ECG spectrum. Thus, the unique 
combination from modulus maxima values for each edge in 
the QRS complexes gives well enough discriminative 
information in order to make a robust identification. 

 

 
 
Fig.3. Features extraction from ECG signal with rS morphology of 
the QRS complexes: ECG (solid line), wavelet coefficients from 

wavelet transform with first derivative of Gaussian function at scale 
a = 2 (thin line), modulus maxima positions at scale a = 2 (dashed 

vertical lines) 
 

The modulus maxima in determined from wavelet 
transform with first derivative of the Gaussian function at 
scale a = 2. This value is chosen to achieve good description 
for given edge, along with acceptable noise robustness (Fig. 
3). 

The feature vectors M are built from consecutive 
normalized modulus maxima values mi with size according to 
particular QRS morphology (4.1). 

 
, , ..., ]1 2[ t

nm m m=M , 2    (4.1) 5n≤ ≤

 
Fig. 4 shows the feature space diagram for ECG record with 

rS morphology of the QRS complexes by combination of the 
features - m1 ,  m2  and m3 . 

The identifier for QRS complexes uses K-nearest neighbor 
algorithm (K-NN). It is based on closest training examples 
from the training set in the feature space. An object is 
classified by a majority vote of its neighbors, with the object 
being assigned to the class most common amongst its K 
nearest neighbors. In this particular case (binary 
classification), K is chosen to be an odd number (K= 3). 

 
 

 
 

Fig. 4. Feature space diagram for the ECG signal from Fig. 3. 
Features: Feature 1 - m1, Feature 2 – m2, Feature 3 – m3 
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V. EXPERIMENTAL RESULTS AND PERFORMANCE 
EVALUATION 

The performance of the described algorithm for QRS 
complexes detection is evaluated according to (5.1) and (5.2) 
and the results are shown in Table I.  

 
TP

Se
TP FN

=
+

     (5.1) 

 
TP

P
TP FP

+ =
+

     (5.2) 

 
Where Se denotes sensitivity, +P denotes positive 

predictivity, TP is number of true positive detections, FN is 
number of false negatives and FP is number of false positives. 

For performance evaluation the following ECG databases 
are used: MIT-BIH Normal Sinus Rhythm Database, MIT-
BIH Long-Term ECG Database, QT Database and others. 

The analyzed signals have been resampled to standard 
sampling rate of 256 Hz. Each signal is 60 s long and consists 
about 60-100 QRS complexes. 
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TABLE I 
PERFORMANCE EVALUATION OF THE QRS DETECTION 

ECG Signal Se, % +P, % 
16265 sig 0 96.9 100 
16265 sig 1 100 100 
16272 sig 0 98.4 100 
16272 sig 1 93.7 95.2 
16273 sig 0 98.8 100 
16273 sig 1 98.9 100 

 
The classifier is made under Statistical Pattern Recognition 

Toolbox for Matlab [9]. 
The performance of the described algorithm for detection of 

QRS characteristic points has been evaluated using mean 
value m and standard deviation σ of the absolute error. The 
reference for absolute error is expert annotated QRS 
characteristic points of real ECG signals. 

TABLE II 
EVALUATION OF THE ABSOLUTE ERROR OF QRS 

CHARACTERISTIC POINTS DETECTION 

ECG 
Signal 

QRS on 
m, σ 
(ms) 

QRS off 
m, σ 
(ms) 

Q 
m, σ 
(ms) 

R 
m, σ 
(ms) 

S 
m, σ 
(ms) 

16265 
sig 0 

3.5,  
3.2 

3.0, 
8.8 

-0.2,  
1.8 

0.8, 
1.9 

0.5, 
5.8 

16265 
sig 1 

2.6, 
12.7 

-0.9, 
2.3 

0.4, 
2.0 

0.1, 
1.6 

0.2, 
2.3 

16272 
sig 0 

-1.2, 
8,8 

0.5, 
4.6 

-1.2, 
8,8 

0.5, 
1.3 

-1.5, 
2.1 

16272 
sig 1 

-0.8, 
5.3 

0.5, 
4.9 

-0.8, 
5.3 

0.1, 
0.6 

0.1, 
1.1 

16273 
sig 0 

2.6, 
2.5 

-0.4, 
7.5 

0.3, 
2.9 

0.8, 
1.6 

-0.4, 
7.5 

16273 
sig 1 

-2.3, 
6.6 

-2.1, 
4.1 

1.5, 
2.9 

-1.4, 
2.3 

-2.1, 
4.1 

 
Table II shows the experimental results for several signals 

from MIT-BIH Normal Sinus Rhythm Database with different 
QRS morphologies (qR, rSRS’, Rs, rS). As can be seen, the 
mean value and standard deviation of the absolute error are 
comparable with the sampling interval for the analyzed ECG 
signals.  

VI. CONCLUSION 

In this paper a robust QRS detector have been present. 
Detection of the characteristic points in the QRS complexes is 
based on wavelet transform with first derivative of the 
Gaussian function. The onset and offset of the QRS 
complexes are determined with the same algorithm, but 
applied on wavelet composed signal from different scales, 

using Coiflet-5 as prototype function. This prototype function 
is chosen because the transformation uses digital filters with 
phase response linearity considerably better than other 
wavelets. 

The QRS identifier employs K-nearest neighborhood 
method for QRS complex identification. Its features are 
normalized consecutive modulus maxima values, determined 
with wavelet transform with first derivative of Gaussian 
function at scale a = 2, thus the detector is insensitive to 
baseline drift of the signal. 

The further analysis of the ECG is planned to be at full 
cardiac cycle level and finally to make detection of the 
remaining waves (T-wave, P-wave and U-wave). 
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Synthesis of signals for Cranial Electrotherapy 
Stimulation 
Nikola D. Ralev 1  

 
Abstract – “Functional electric stimulation is a very 

straightforward application for the therapeutic use of electricity. 
It has been determined that in many cases the low frequency 
electrical field gives better therapeutic results than static one. 
This is the case in the Cranial Electrotherapy Stimulation (CES) 
which is described in the article. The signals used for the 
stimulation are in a frequency rage from zero to 150 Hz, with a 
low current rating. Since the procedure requires to stimulate 
more than one area two electrodes will be used. 

 
Keywords - low frequency, electrotherapy.  

I. INTRODUCTION 

The electro stimulation therapy is based upon the 
characteristic of the human tissue to respond to different 
stimulation, where in this case the application region is the 
head.  This therapy is known as „Cranial Electrotherapy 
Stimulation“. With this therapy different effects in the 
patients’ status are achieved by letting electrical current with 
specific parameters through the patients’ cranial. 

After going through this therapy a big number of patients 
show big improvement, which is achieved with a small 
number of procedures e.g. very fast patient recover. 

This therapy method is known to the medicine since 1930. 
Since then its popularity increases in the field of 
psychotherapy and has found a lot of followers. There are 
still people, who controvert the effectiveness of the method 
due to the possibility of side effects, which has been seen in 
the early years, while the effects of the electrical current on 
the human body ware still studied. Now a day in some 
definite cases, when it is not advisable for the patient to take 
medicaments due to different considerations (other disease, 
ext. ) the only one alternative is the electrotherapy. Also in 
many cases of the therapy a faster reaching of the wanted 
result is seen in electrotherapy than with medicaments. 

 
Fig.1. Tissue stimuli under anode 

1 Nikola D. Ralev, is from Faculty of Telecommunication, 
Technical University of Sofia, Kliment Ohridsky 8,1000 Sofia,  
Bulgaria, E-mail: nikola.ralev@gmail.com 

The tissue is acting as a semiconductor. The electrical 
current is causing a reaction on the organisms’ side. The 
long current action causes changes in the tissue stimuli. 
Under the anode the tissue stimuli is first decreasing, than 
fast increasing and at the end fast decreasing Fig.1.Under 
the cathode the tissue stimuli is first increasing than fast 
decreasing. Fig.2.This behavior of the human tissue is taken 
in consideration by choosing the signals for the cranial 
electrotherapy stimulation  

 

 
Fig.2. Tissue stimuli under cathode  

The effect of these devices has an influence in many 
directions: 

• relaxing  action 
• helps in treatment of different mental disease  
simulates the nervous system. 

II. SIGNAL DESCRIPTION 
 

Modern devices for cranial electrotherapy stimulation 
use square signals as well as direct current. 

The square impulses used in this application have to meet 
the requirement that the Timp is much lower than Tpause, due 
to the specific of the human tissue and to achieve the best 
result and the average current that flows through the tissue is 
reduce to minimum.  

Since the therapy requires the use of two electrodes, two 
operation modes of the output generator have to be supported: 
to generate impulses with same frequency in parallel on both 
electrodes (Fig.3) and to generate impulses with same 
frequency in series on both electrodes (Fig.4). 

To generate square impulses in the range from 0 Hz to 150 
Hz a microcontroller can be used.  

The use of a microcontroller with clock rating of 4 MHz 
has been researched.  An algorithm for calculating a specific 
frequency has been made with the purpose to find out the 
accuracy of the generated output frequency. A short fragment 
of the results is shown in Table I. 
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TABLE I 

 F, [Hz] 
T calculated, 

[ms] 
T measured, 

[ms] 
Fmeasured, 

[Hz] 
Deviation, 

[%] 
39 25,641 25,5653 39,116 0,2962 
40 25,000 24,96 40,064 0,1603 
41 24,390 24,363 41,046 0,1118 
42 23,810 23,763 42,082 0,1958 
43 23,256 23,163 43,172 0,4007 
44 22,727 22,563 44,320 0,7281 
45 22,222 22,275 44,893 0,2369 
46 21,739 21,675 46,136 0,2959 
47 21,277 21,275 47,004 0,0075 
48 20,833 20,76 48,170 0,3532 
49 20,408 20,475 48,840 0,3264 
50 20,000 19,875 50,314 0,6289 
51 19,608 19,563 51,117 0,2292 
52 19,231 19,275 51,881 0,2295 
53 18,868 18,875 52,980 0,0375 
54 18,519 18,463 54,162 0,3007 
55 18,182 18,075 55,325 0,5910 
56 17,857 17,763 56,297 0,5300 
57 17,544 17,47 57,241 0,4228 
58 17,241 17,163 58,265 0,4567 
59 16,949 16,875 59,259 0,4394 
60 16,667 16,563 60,376 0,6259 
61 16,393 16,275 61,444 0,7278 
62 16,129 15,993 62,527 0,8506 
63 15,873 15,745 63,512 0,8131 

As shown in the experimental achieved data and on Fig.5, 

during the whole frequency band the diversion from the ideal 
frequency is within 2% and is even within 1% until a certain 
frequency (100Hz). This diversion originates form the 
rounding that is made in the calculation of the delay needed to 
generate certain frequency. The increase of the diversion in 
higher frequency is due to specific of the used algorithm. If it 
will be improved, the accuracy will increase as well, but this 
is not necessary because the achieved accuracy exceed the 
requirement. 
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Fig. 3. Output in parallel Deviation in calculated output frequency
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Fig.4. Output in series 
Fig.5 

III. CONCLUSION 

1. Form and sequence of signals used for a Cranial 
Electrotherapy device has been described in the paper. 

2. Research has been made concerning the frequency 
range of the signals. 

3.  Deviation between theoretical and measured 
frequency has been illustrated. 

4. Several working modes are proposed in the paper. 
5. The obtained results, described in the paper can be 

used for further research and development of a Cranial 
Electrotherapy device. 
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Microcontroller Based Device for Cranial Electrotherapy 
Stimulation
Nikola D. Ralev 1  

 
Abstract – “A Cranial Electrotherapy Stimulation (CES) 

device includes: a low frequency generator, frequency generator 
controller, current generator, output mode module, output 
trigger module and a frequency status display. To compose each 
module as a separate part will make the device too complex, 
difficult to extend and moreover not cost effective. Taking in 
mind today’s progress of microcontroller technology, leaded by 
the tendency to migrate as much as possible to software than 
hardware, most of the modules can be software realized and 
uploaded to a microcontroller. This case is solved by using a PIC 
Microchip microcontroller which covers the needed resources 
such as sufficient number of inputs and outputs, enough memory 
and a good clock speed rate.” 

 
Keywords-low frequency, frequency generator, icrocontroller, 

electrotherapy.  

I. INTRODUCTION 

There are different ways of realizing a device for Cranial 
Electrotherapy. Taking in mind the fast progress of the 
development of new microcontrollers and the possibility of 
further development of the device, the most suitable method is 
using microcontrollers.  

A simplified overview of a device for CES is shown on 
Fig.1. As it is shown there it consists of seven modules where 
three of them can be grouped in one and realized using a 
microcontroller. To suite the needs of the grouped modules a 
software program should be written and uploaded to the 
microcontroller. 

Output 
module 

Switching 
module  

Power supply 

 

Switching control  
module 

Generator module 

User interface module 

 
 
 

LCD 
display 

 
Fig.1.Block diagram of a microcontroller based device for Cranial 

Electrotherapy Stimulation 
 
 
 
 

1 Nikola D. Ralev, is from Faculty of Telecommunication, 
Technical University of Sofia, Kliment Ohridsky 8,1000 Sofia,  
Bulgaria, E-mail: nikola.ralev@gmail.com 

II. MODULES DESCRIPTION 

In the devices generator module an uninterrupted series of 
impulses with a square form and in range from 0 to 150 Hz 
are generated, in conform to the prescripted therapy and the 
physiological characteristic of the human body and the effects 
on it.  

This module calculates the delay that has to be generated by 
the microcontroller before switching the output state and so to 
generate the requested output frequency on the electrodes.    

A program that has the possibility of generating different 
delays, with which impulses with different parameters can be 
generated, has been written. To implement this it has been 
taken in mind that in the used microprocessor the execution of 
all single word instructions consists of four oscillator periods. 
Thus, for an oscillator frequency of 4 MHz, the normal 
instruction execution time is 1 μs. If a conditional test is true, 
or the program counter is changed as a result of an instruction, 
the instruction execution time is 2 μs. Two-word branch 
instructions (if true) would take 3 μs. 

The power supply module is divided into two circuits. One 
for the patient’s circuit (to the electrodes) and one circuit for 
the microcontrollers power supply. This division is necessary, 
because the right microcontrollers working voltage has to be 
ensured, which is significantly lower than the rest of the 
device. 

In the switch control module a process of switching the 
generated impulse sequences to the right output is 
accomplished. The switching can be performed in tree ways: 

• Output in Series 
• Output in Parallel 
• Static mode 

In the Output in Series mode the output impulse sequence is 
switched between both electrodes, so that only one electrode 
is active at a certain time Fig2. 
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Fig.2. Output in Series  
In the Output in Parallel mode the output impulse sequence 
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is passed to both output electrodes, no that both electrodes are 
active at a certain time Fig.3.  

In both cases the output sequence is provided by the 
generator module. 

In the Static mode the device is acting as a galvanostat. In 
this case the only active output is output 1 and a zero Hz 
frequency is generated by the generator module. 

The switch module is acting as a bridge between the 
microcontroller and the patients’ circuit. It is controlled by the 
switch control module and powered by the output current 
module, so that the impulses with the right parameters will be 
passed to the electrodes.  

 
The user interface module gives the user the possibility 

to set the desired operation mode of the device, according to 
the prescribed therapy. The user can change the output 
frequency that will be generated by the generator module in 
the rage from 0 Hz to 150 Hz, as well as to set the sequence 
mode.  

As feedback from the device to the user a LCD display is 
chosen instead of other alternative ways of realization – using 
LEDs or personal computer. In the development of the device 
providing the information to the user via a personal computer 
was on purpose omitted. The reason is that in this case the 
user will be restricted to use the full capabilities of the device 
if he doesn’t have a suitable computer with the right 
parameters and operation system. This will also affect the 
portability of the device and will reflect on the devices price, 
if a suitable computer has to be provided.  

The LED indication is not suitable as well, due to the 
limitation of information that can be displayed to the user. 

A LCD display has been chosen, because besides 
visualizing the current output frequency it can be used to 
display information, in form of helping messages, which will 
assist the user to use the device. 
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Fig. 4 Input/Output streams 

To realize device 1 input and 2 output stream to the 
microcontroller ware used (Fig 4). To accomplish the input 
stream 2 digital inputs of the microcontroller are used. For 
the 2 output streams 11 digital outputs of the microcontroller 
are used. For all the streams 13 input/outputs of the 
microcontroller are used. The above described  
microcontroller is PIC18F1320 and it  has 16 input/outputs, 
so it is suitable for the task and still have 3 spare 
input/outputs, that can be used in future extension. A realized 
device with the above described structure and functions is 
shown on Fig.4.                  
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Fig.3. Output in Parallel 

Fig.4. Cranial Electrotherapy Stimulation device 

III. CONCLUSION 

1.Various modules that can be realized with a 
microcontroller has been shown in the paper. 

2. Necessary input output streams has been discussed in 
the paper. 

3. Form and sequence of signals used for a Cranial 
Electrotherapy device has been applied in the paper. 

4. The realization with a specific microcontroller 
(PIC18f1320) has been shown in the paper. 

5. The obtained results, described in the paper can be 
used for further research and development of another Cranial 
Electrotherapy device. 
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Modeling of Step Discontinuity in Microstrip Structures 
by using Wave Digital Approach   

 
Biljana P. Stošić1, Miodrag V. Gmitrović2 

 
Abstract –  Wave digital network is a model of the microstrip 

structure modeled by wave digital elements. Appropriate choice 
of a minimal section number in that model is very important 
because of the direct influence on the sampling frequency of that 
digital model, and on accuracy of the desired response. Also, very 
important in modeling microstrip structure is good 
compensation of the identified discontinuities. In this paper, two 
ways of modeling step discontinuities are given. Equivalent L-
network of the discontinuity is modeled here by one equivalent 
transmission line and by cascade-connected two transmission 
lines. One test example, proving the response accuracy is given.  
 

Keywords – Wave digital approach, step discontinuity, 
transmission lines, microstrip circuits 

I.  INTRODUCTION 

Modeling of the planar structures by wave digital elements, 
based on well known theory of wave digital filters [1]-[3], can 
be efficiently used for analysis of these structures in both the 
time and the frequency domains. Microwave planar structures 
can be modeled by one-dimensional [4]-[6] and by two-
dimensional [7] wave digital elements.  

A nonuniform structure has to be divided into cascade-
connected uniform transmission lines (UTL). A lossless 
uniform transmission line is modeled by a two-port digital 
element with a delay appears in forward path. This wave 
digital two-port is called the unit element (UE) [2]. The port 
resistances of the UE are equal and correspond to the 
characteristic impedance of UTL. The connection of two UE 
with different port resistances is achieved by two-port 
adaptors (TA), [3]. 

In the complex microstrip structures, delays of the 
transmission lines vary from one another and because of this, 
each transmission line has to be represented as a cascade 
connection of a certain number of UE. A way of 
determination a minimal section numbers in wave digital 
network (WDN) of complex microstrip structure is given in 
the paper [8]. Number of section in WDN has direct influence 
on the sampling frequency of that digital model, and on 
accuracy of desired response.   

Efficient and very simple algorithms for calculating 
transmission and input reflection coefficients of the microstrip 
structure modeled by wave digital elements are described in 
the papers [5]-[6]. The algorithms are very easily 
implemented in the MATLAB environment. The analysis of  
the wave digital structure is efficiently automated, which is 
inevitable when structure with large numbers of building 
blocks (UE and TA) are to be dealt with.  

1Biljana P. Stošić is with the University of Niš, Faculty of 
Electronic Engineering, Department of Telecommunications, 
Aleksandra Medvedeva 14, Niš, Serbia, E-mail: bilja@elfak.ni.ac.yu 

2Miodrag V. Gmitrović is with IMTEL-Communications Institute, 
Mihajlo Pupin Boulevard, 165b, Belgrade, Serbia, E-mail: 
gmitrovic@insimtel.com 

In the previously published papers [4]-[6], nonuniform 
microstrip structures are observed as cascaded UTL segments, 
but effects of the step discontinuities have not been taken 
under consideration. But, once the step discontinuities have 
been identified in the structure, they must be corrected. One 
wave digital model of asymmetrical equivalent T-network of 
this discontinuity is described in the paper [9]. In this paper, 
two new ways of modeling equivalent circuit of this 
discontinuity are given. Modeling is based on the possible 
approximation of the reactive elements by transmission lines, 
which is well known from the electric circuit theory. 

II.  APPROXIMATION OF REACTIVE ELEMENTS BY 
TRANSMISSION LINES 

From the electric circuit theory it is well known, that an 
inductance in series branch and a capacitance in parallel 
branch can be approximated by two-port transmission lines, 
[10]-[11]. For high frequencies, an inductance is replaced by  
transmission line of high characteristic impedance (Figure 1), 
and a capacitance by transmission line of low characteristic 
impedance (Figure 2). Electrical lengths of the transmission 
lines are . o45<θ

 

sL

ss LcLZ θ,

o
Ls

45<θ
 

Fig.1. Synthesis of an inductance in series branch by transmission 
line of high characteristic impedance  

scLZ

 

ss CcCZ θ,

o
Cs

45<θ

sC

 
Fig.2. Synthesis of a capacitance in parallel branch by transmission 

line of low characteristic impedance  
scCZ

 
An electrical length of a transmission line corresponding to 

the capacitance  in parallel branch can be found as sC
 . (1)  

ss cCscC ZCf ⋅⋅π=θ 2
Also, an electrical length of a transmission line corresponding 
to the inductance  in series branch can be found as sL
 . (2) 

ss cLscL ZLf /2 ⋅π=θ

Parameter  is the cuttoff frequency for lowpass and 
highpass filters and the center frequency for bandpass and 
bandstop filters. 

cf
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III.  MODELING OF THE STEP DISCONTINUITY 
EQUIVALENT NETWORK  

Discontinuity in the width of a microstrip line is a very 
often used in the microstrip circuits in order to change 
characteristic impedance of the line. This is important for 
design of the filters and the impedance matching networks. In 
practice, accuracy of the discontinuity models depends on 
their physical dimensions [10]. 

 

ef
rcZ 11,ε ef

rcZ 22 ,ε

       T T

sC

sL

1cZ 2cZ

 
a)                   b)  

Fig.3. a) Step discontinuity and 
b) Equivalent network of the discontinuity 

 
Equivalent network of the discontinuity has a parallel 

capacitance  placed near the wide line, and the series 
inductance  placed near the narrow line, as shown in 
Figure 3b. 

sC

sL

A. Modeling by One Transmission Line 

Discontinuity network shown in Figure 3b, can be 
aproximated with one equivalent transmission line. 
Characteristic impedance of the transmision line is  
 sscvs CLZ /= , (3) 
and a delay on the transmission line is 
  sss CLT = , (4) 
where  is the inductivity of the series inductance and sC  
the capacitivity of the parallel capacitance. Electrical length of 
the transmission line is 

sL  is

  (5) scs Tfπ=θ 2
and physical length can be found as  
 rss cTd ε= / , (6) 

where  is light velocity in free space and  is 
relative dielectric constant of the substrate. 

smc /103 8⋅= rε

Planar microstrip structure shown in Figure 3a, can be 
aproximated by cascade connection of 3 transmission lines as 
shown in Figure 4. Each UTL segment from Figure 3a is 
aproximated by one transmission line (  and ).  
Equivalent network of discontinuity is aproximated by one 
transmission line given in the middle ( ). 

1cZ 2cZ

cvsZ
 

11,θcZ 22 ,θcZscvsZ θ,
 

Fig.4. Cascade connection of 3 transmission lines 
 

Then, each transmision line is modeled by certain number 
of UE. A nonuniform planar microstrip structure with step 
discontinuity shown in Figure 3a, is modeled by a WDN 

composed only of two types of building blocks (UE and TA) 
as shown in Figure 5. This type of WDN is very easily and 
simply analyzed by using wave transfer matrices and 
algorithm given in the paper [5].   

Adaptor coefficients in the WDN are 
)/()( 11 cgcgG ZRZR +−=α , 

 , (7) )/()( 111 cvsccvscVLsCsV ZZZZ +−=α
)/()( 222 cvscccvsVLsCsV ZZZZ +−=α , 

)/()( 22 pcpcP RZRZ +−=α . 
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Fig.5. WDN of the structure with modeled discontinuity elements 

with one equivalent transmission line 

B. Modeling by Two Cascaded Transmission Lines 

Each element of the equivalent discontinuity network,  
and , is aproximated by one transmission line. So, 
equivalent network of the discontinuity is aproximated by 
cascade connection of two transmission lines. 

sL

sC

A physical length of a transmission line corresponding to 
the capacitance  in parallel branch can be found as sC

 ef
rcCsC ss

ZCcd 1/ ε⋅⋅= , (8) 

where  is effective dielectric constant of the wide line in 
the structure shown in Fig.3a. 

ef
r1ε

Also, a physical length of a transmission line corresponding to 
the inductance  in series branch can be found as sL

 ⎟⎟
⎠

⎞
⎜⎜
⎝

⎛ ε⋅⋅= ef
rcLsL ss

ZLcd 2/ , (9) 

where  is effective dielectric constant of the narrow line 
in the structure shown in Fig.3a. 

ef
r2ε

These physical lengths depend on the characteristic 
impedances of the transmission lines. They are chosen in the 
next way: characteristic impedance of the transmission line 
used for aproximation of the series inductance is chosen to be 

, and characteristic impedance of the 

transmission line used for aproximation of the parallel 
capacitance is . This is a result of the well known 

fact that typical values of these impedances are  and 
, respectively. 

Ω=  150
scLZ

Ω≥  150

Ω=  5
scCZ

Ω≤  10

Equivalent representation of the microstrip structure with 
step discontinuity, shown in Figure 3b, can be here 
aproximated by cascade connection of four transmission lines 
as shown in Figure 6. Equivalent network of discontinuity is 
aproximated by two transmission lines given in the middle 
(  and ).  

scCZ
scLZ

 

11,θcZ 22 ,θcZ
ss CcCZ θ,

ss LcLZ θ,
 

Fig.6. Cascade connection of 4 transmission lines 
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Cascade connection of 4 transmission lines shown in Figure 
6, is modeled by WDN as shown in Figure 7. A total number 
of building blocks in this network is bigger then in that one 
shown in Figure 5, because of the equivalent discontinuity 
network approximation by two cascaded transmisison lines.  

Adaptor coefficients in the WDN are 
)/()( 111 ss cCccCcVCsV ZZZZ +−=α , 

 , (10) )/()(
ssss cCcLcLcCVCsVLs ZZZZ +−=α

)/()( 222 ss cLcccLVLsV ZZZZ +−=α . 
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Fig.7. WDN of the structure with modeled discontinuity elements 

with separate transmission lines 

IV.  ANALYSIS EXAMPLE 

A microstrip stepped-impedance 7th order Chebyshev 
lowpass filter with passband ripple of  and cutoff 
frequency of  [11], is used for verification of the 
proposed method. The layout is shown  in Figure 8, and this 
circuit is also analyzed in [5].  

dB 0137.0
MHz 900

 
  UTL 1 UTL 2 UTL 3 UTL 4 UTL 5 UTL 6 UTL 7

Ω50 Ω50  
Fig.8. Layout of lowpass filter 

 
Here,  leader lines at the ends of the structure are not 

included during the analysis of the structure modeled by UE. 
These leader lines affect to the total delay in the WDN and 
have effect of shifting response characteristics. So, the 
microstrip lowpass filter is observed as a cascade connection 
of seven UTL segments. Their delays vary from one another 
because of their dependence on the effective dielectric 
constant. In order to have delays in the wave digital models as 
possible equal to these delays, each transmission line has to be 
represented as a cascade connection of a certain number of 
UE. 

Ω 50

A. Modeling of the Discontinuity Equivalent Network by One 
Transmission Line 

   
Cascade connection of the equivalent network elements  

and , is aproximated by one transmission line with 
characteristic impedance  according to (3), 
and physical length d  according to (6). 

sL

sC
Ω=  3220.38cvsZ

mm 6489.0=vs
Microstrip structure given in Figure 8 is aproximated by 

cascade connection of 13 transmission lines with parameters 
given in Table I. WDN has the structure given in Figure 5, 
where a number of blocks corresponding to transmission lines 
is 13 and a number of blocks corrsponding to two-port 
adaptors is 14.  

A minimal number of section for the given error, can be 
found as described in the paper [8] where multiple factor   

 is used. For given error , first relative 
error of delay with absolute value less then given error is for 

, [8]. Then, a total minimal number of sections in WDN 

is . For individual UTL segments, a 

number of sections  is 116, 5, 55, 5, 205, 5, 69, 5, 205, 5, 
55, 5 and 116, respectively. A total delay for the digital model 
of the structure is  where  

 is a minimum delay. 
A total real delay of the structure is 

.  A sampling frequency of the 

digital model of the planar structure for the chosen minimal 
number of sections is . A 

relative error of delay is 
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TABLE  I 
TRANSMISSION LINE PARAMETERS 

 nv         d [mm]             Zc [Ohm]          Tv [ps] 
  1          18.1149               68.8833         122.6590 
  2            0.6489               38.3220             5.2984 
  3            7.8345               15.9611           58.7383 
  4            0.6489               38.3220             5.2984 
  5          32.0420               68.8833         216.9616 
  6            0.6489               38.3220             5.2984 
  7            9.7713               15.9611           73.2599 
  8            0.6489               38.3220             5.2984 
  9          32.0420               68.8833         216.9616 
10            0.6489               38.3220             5.2984 
11            7.8345               15.9611           58.7383 
12            0.6489              38.3220              5.2984 
13          18.1149              68.8833          122.6590 

 
B.  Modeling of the Discontinuity Equivalent Network  by Two 

Cascaded Transmission Lines 

Each element of equivalent circuit of the discontinuity,  
and , is aproximated by one transmission line with 
characteristic impedances  and , 

respectively. 

sL

Ω 5
sC

nTt =

T =Σ

Ω=  150
scLZ =

scCZ

Microstrip structure given in Figure 8 is aproximated by 
cascade connection of 19 transmission lines with parameters 
given in Table II. WDN has the structure given in Figure 7, 
where a number of blocks corresponding to transmission lines 
is 19 and a number of blocks corrsponding to two-port 
adaptors is 20.  

For given error , a total minimal number of 

sections in WDN is , [8]. For 

individual UTL segments, a number of sections  is 2307, 
25, 13, 1105, 13, 25, 4080, 25, 13, 1378, 13, 25, 4080, 25, 13, 
1105, 13, 25 and 2307, respectively. A total delay for the 
digital model of the structure is 

 where  is a multiple 
factor and  is a 
minimum delay. A total real delay of the structure is 

. A sampling frequency of the 

digital model of the planar structure for the chosen minimal 
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It is clear that curves corresponding to the results obtained 
by modeling structure and its discontinuities in the described 
ways (approaches A and B) are very close one another and 
practically identical.  

number of sections is . In this 
case, a relative error of delay is . 

GHzTnF tts  0889.18805/ ==
% 0045.0=er

 
TABLE  II 

In the region below , the agreement between the 
results calculated by using WDN with modeled discontinuities 
and the results obtained in ADS is very good. For the region 
above  the curve is shifted slightly to the left. A curve 
for WDN without modeled discontinuities is shifted to the 
right in whole frequency band.  

GHz 5.1

GHz 5.1

TRANSMISSION LINE PARAMETERS 
 nv       d [mm]        Zc [Ohm]         Tv [ps] 
  1        18.1149          68.8833        122.6590 
  2          0.1999        150.0000           1.3536 
  3          0.0922            5.0000           0.6913 
  4          7.8345          15.9611         58.7383 
  5          0.0922            5.0000           0.6913 
  6          0.1999        150.0000           1.3536 
  7        32.0420          68.8833       216.9616 
  8          0.1999        150.0000           1.3536 
  9          0.0922            5.0000            0.6913 
10          9.7713          15.9611          73.2599 
11          0.0922            5.0000            0.6913 
12          0.1999        150.0000            1.3536 
13        32.0420          68.8833        216.9616 
14          0.1999        150.0000            1.3536 
15          0.0922            5.0000            0.6913 
16          7.8345          15.9611          58.7383 
17          0.0922            5.0000            0.6913 
18          0.1999        150.0000            1.3536 
19        18.1149          68.8833        122.6590 

V. CONCLUSION 

To prove the accuracy of the proposed modeling of the step 
discontinuity, the computer simulated results obtained by 
WDN where discontinuities are modeled with one and two 
transmission lines are compared to those obtained in ADS 
(Advanced Design Systems). We can see that results obtained 
by described approaches of modeling step discontinuity are 
practically identical and have very good agreement with ADS 
data in whole frequency band. If approaches A and B are 
compared, it can be seen that the approach of modeling 
discontinuities with one transmission line (approach A) is 
better because it requires less UE and simpler digital WDN. 

 
C. Result Comparison 

Response comparison for the two presented ways of 
modeling step discontinuity is shown in Figures 9 and 10. REFERENCES 
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Modeling of Strip Conductors Centered between Ground 
Planes 

Sarhan M. Musa1, Matthew N. O. Sadiku2 

     Abstract – In this paper, we introduce the modeling of thin 
coplanar structures by finite element method (FEM). We present 
the quasi-static computational of capacitance coefficients and 
potential distribution for several configurations of coplanar strip 
conductors centered between ground planes. Excellent 
agreement was demonstrated by comparing our results with 
integral equation method, conformal mapping method and 
variational technique.   
 
   Keyword s–  Coplanar conductor, capacitance, finite element 
method. 

I. INTRODUCTION 

    Computation of capacitance of multistrip transmission lines 
is one of the essential parameters in designing of microwave 
circuits. Therefore, the improvement of accurate and efficient 
computational method to analyze the modeling of multistrip 
transmission lines structure becomes an important area of 
interest.  
    Previous attempts at the problem include using integral 
equation method [1], variational technique [2], conformal 
mapping method [3], analytical method [4], Fourier transform 
method [5], and spectral domain method [6]. We illustrate that 
our method using  FEM is suitable and effective as other 
methods for modeling of strip conductors centered between 
ground planes. 
    In this work, we design single, two, three, four and five 
strip conductor systems between two parallel ground planes 
using finite element method (FEM) with COMSOL 
multiphysics package to calculate the capacitance and the 
potential distribution of the configurations. We use finite-
element method (FEM) in modeling the transmission lines 
structure, because FEM is especially suitable for the 
computation of electric and electromagnetic fields in strongly 
inhomogeneous media. Also, it has high computation 
accuracy and fast computation speed.   

II. DISCUSSION AND RESULTS  

  Using COMSOL for modeling and simulation of the strip 
conductors centered between ground planes involves taking 
the following steps. We develop the geometry of the line and  
take the difference between the conductor and dielectric 

material. We select the relative permittivity as 1.  For the 
boundary, we select the outer conductor as ground and inner 
conductor as port. We generate the finite element mesh, and 
then solve for the potential. As postprocessing, we select Point 
Evaluation and choose capacitance element to find the 
capacitance per unit length of the line. 
     In any electromagnetic field analysis the placement of far-
field boundary is an important concern, especially when 
dealing with open solution regions. It is necessary to take into 
account that the natural boundary of a line at infinity and the 
presence of remote objects and their potential influence on the 
field shape [7].   In all our simulations, the coplanar structures 
is surrounded by a w  X h  shield, where w  is the width and 
h  is the thickness of the shield.   In all models, the strip lines 
are equally spaced with 0.01 mm thickness centered between 
the ground planes with each strip having width 0.2 mm and 
with a strip-to-strip spacing distance of 0.1 mm. We use the 
permittivity rε = 1 for all models. 
    Figure 1 shows the cross section for single conducting strip 
between two ground planes. 
 
 
 
 
 
 
 
 
 
 

Fig. 1. Cross-section of single strip conductor between two ground 
planes. 

 
    The geometry is enclosed by a 2 X 1 mm shield. Fig. 2 
shows the potential distribution from (0, 0) to (2, 1) mm. 
 

 
Fig.  2. Potential distribution of single strip conductor between two 

ground planes.along the line from (0, 0) to (2mm, 1mm). 
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    Table I shows the finite element results for the capacitance 
of single strip conductor between two ground planes. The 
results in Table I are compared with the work of previous 
investigations.  They are in good agreement 
 

TABLE I 
VALUES OF THE CAPACITANCE (IN F/M) COEFFICIENTS FOR SINGLE 

STRIP CONDUCTOR BETWEEN TWO GOUND PLANES 
 

Capacitance 
matrix  

( ijC = jiC ) 

Reference 
[1] 

 

Reference 
[2] 

 

Our 
Work 

11 / oC ε  2.4618 2.4617 2.5745 

 
    Figure 3 shows the cross section for two-strip conductors 
between two ground planes. 
 
 
 
 
 
 
 
 
 

Fig. 3. Cross-section of two- strip conductors between two ground 
planes. 

 
    The geometry is enclosed by a 4 X 1 mm shield. Fig. 4 
shows the potential distribution along a line from (0, 0) to (4, 
1) mm. 
 

 
Fig. 4. Potential distribution of two-strip conductors between two 

ground planes along a line from (0, 0) to (4mm, 1mm). 
 
    Table II shows the finite element results for the capacitance 
of two-strip conductors between two ground planes.   The 
results in Table II are compared with the work of previous 
investigations.  They are in good agreement. 
 
 
 
 
 
 

TABLE II 
VALUES OF THE CAPACITANCE (IN F/M) COEFFICIENTS FOR TWO-STRIP 

CONDUCTORS BETWEEN TWO GOUND PLANES 
 

Capacitance matrix  
( ijC = jiC ) 

Reference 
[1] 

 

Reference 
[2] 

 

Our 
Work 

11 / oC ε = 22 / oC ε  2.8888 2.8878 3.0868 

12 / oC ε = 21 / oC ε -1.0379 -1.0372 -1.1684 

    Figure 5 shows the cross section for three conducting strips 
between two ground planes. 
 
 
 
 
 
 
 
 
Fig. 5. Cross-section of three- strip conductors between two ground 

planes. 
 
    The geometry is enclosed by a 6 X 1 mm shield.   Fig. 6 
shows the potential distribution along a line from (0, 0) to (6, 
1) mm. 

 
Fig. 6. Potential distribution of three- strip conductors 

between two ground planes along a line from (0, 0) to (6mm, 
1mm). 

 
Table III shows the finite element results for the capacitance 
of three conducting strips  between two ground planes.   The 
results in Table III are compared with the work of previous 
investigations.  They are in good agreement. 
    Figure 7 shows the cross section for four conducting strips 
between two ground planes. 
 
 
 
 
 
 
 
 

Fig. 7. Cross-section of four- strip conductors between two ground 
planes. 
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TABLE III 
VALUES OF THE CAPACITANCE (IN F/M) COEFFICIENTS FOR THREE-STRIP CONDUCTORS BETWEEN TWO GOUND PLANES 

 

Capacitance matrix  ( ijC = jiC ) Reference [1] 
 

Reference [2] 
 

Our Work 

11 / oC ε = 33 / oC ε  2.8914 2.8903 3.082 

12 / oC ε = 21 / oC ε = 23 / oC ε = 32 / oC ε  -1.0064 -1.0060 -1.1352 

13 / oC ε = 31 / oC ε  -0.0841 -0.0834 -0.0844 

22 / oC ε  3.2915 3.2908 3.566 

 
 

TABLE IV 
VALUES OF THE CAPACITANCE (IN F/M) COEFFICIENTS FOR FOUR-STRIP CONDUCTORS BETWEEN TWO GOUND PLANES 

 

Capacitance matrix  ( ijC = jiC ) Reference [1] 
 

Reference [2] 
 

Our Work 

11 / oC ε = 44 / oC ε  2.8914 2.8903 3.0820 

12 / oC ε = 21 / oC ε = 34 / oC ε = 43 / oC ε  -1.0061 -1.0057 -1.1347 

23 / oC ε = 32 / oC ε  -0.9767 -0.9766 -1.1037 

22 / oC ε = 33 / oC ε  3.2938 3.2921 3.5679 

13 / oC ε = 31 / oC ε = 24 / oC ε = 42 / oC ε  -0.0795 -0.0788 -0.0797 

14 / oC ε = 41 / oC ε  -0.0125 -0.0124 -0.0121 

 
 

TABLE V 
VALUES OF THE CAPACITANCE (IN F/M) COEFFICIENTS FOR FIVE-STRIP CONDUCTORS BETWEEN TWO GOUND PLANES 

 

Capacitance matrix ( ijC = jiC ) Reference [1] 
 

Reference [2] 
 

Reference [3] 
 

Our Work 

11 / oC ε = 55 / oC ε  2.8914 2.8904 2.8914 3.0822 

22 / oC ε = 44 / oC ε  3.2939 3.2921 3.2939 3.5682 

33 / oC ε  3.2961 3.2943 3.2961 3.5701 

12 / oC ε = 21 / oC ε = 45 / oC ε = 54 / oC ε  -1.0061 -1.0057 -1.0061 -1.1349 

23 / oC ε = 32 / oC ε = 34 / oC ε = 43 / oC ε  -0.9764 -0.9763 0.9764 -1.1033 

13 / oC ε = 31 / oC ε = 35 / oC ε = 53 / oC ε  -0.0794 -0.0789 -0.0794 -0.0796 

24 / oC ε = 42 / oC ε  -0.0751 -0.0745 -0.0751 -0.0752 

14 / oC ε = 41 / oC ε = 25 / oC ε = 52 / oC ε  -0.0117 -0.0117 0.0117 -0.0114 

15 / oC ε = 51 / oC ε  -0.0020 -0.0020 -0.0020 -0.0019 

 

http://pv-ezproxy.tamu.edu:2102/xpl/RecentIssue.jsp?punumber=2196
http://pv-ezproxy.tamu.edu:2102/xpl/tocresult.jsp?isnumber=28221
http://www.cpmt.org/
http://www.cpmt.org/
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   The geometry is enclosed by a 8 X 1 mm shield.   Fig. 8 
shows the potential distribution along a line from (0, 0) to (8, 
1) mm. 

 
Fig. 8.  Potential distribution of four- strip conductors between two 

ground planes along a line from (0, 0) to (8mm, 1mm). 
 
Table IV shows the finite element results for the capacitance 
of four-strip conductors between two ground planes.   The 
results in Table IV are compared with the work of previous 
investigations.  They are in good agreement. 
    Figure 9 shows the cross section for five conducting strips 
between two ground planes. 
 
 
 
 
 
 
 
 
 

Fig.  9. Cross-section of five- strip conductors between two ground 
planes. 

     
The geometry is enclosed by a 10 X 1 mm shield. Fig.10 
shows the potential distribution along a line from (0, 0) to (10, 
1) mm. 

 
   Fig. 10. Potential distribution of five- strip conductors between two 

ground planes along a line from (0, 0) to (10mm, 1mm). 
 
Table V shows the finite element results for the capacitance of 
five-strip conductors between two ground planes.   The results 

in Table V are compared with the work of previous 
investigations.  They are in good agreement. 
    Figs. 2, 4, 6, 8, and 10 present the potential distributions of 
single, two, three, four and five strip conductors between two 
parallel ground planes, respectively. These potentials are not 
mentioned or studied by other researchers; hence they can not 
be verified with other approaches.  The potential distributions 
show how the potential become smaller when we get farther 
from the selected input port/conductor. 
    Tables I, II, III, IV, and V present the comparison of the 
computation of capacitance matrix of single, two, three, four 
and five strip conductors between two parallel ground planes, 
respectively. These tables can help the improvement of 
accurate and efficient computational method of capacitance 
matrix in designing of microwave circuits. All methods 
considered and referred to in this paper are numerical 
solutions and there is no exact, analytical solution to compare 
with. 

III. CONCLUSION 

    In this paper, we have presented modeling of coplanar 
structures in homogeneous dielectric medium between two 
parallel ground planes. We computed the capacitance matrix 
and identified the potential distribution of single-, two-, three-, 
four- and five-strip conductor systems between two ground 
planes.  The results obtained efficiently using finite element 
method (FEM) for the capacitance agree well with those 
found in the literature. 
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TLM-Z Method Modelling of Microwave Cavity Loaded 
with Frequency-Dependent Dielectric Slab  

Bratislav Milovanović, Nebojša Dončov, Jugoslav Joković, Tijana Dimitrijević 
 

Abstract – In this paper, Transmission Line Matrix method 
based on Z-transforms (TLM-Z) is presented as a tool for 
electromagnetic field study in linear frequency-dependent 
materials. On the example of the metallic cavity with rectangular 
cross section loaded with Debye water dielectric, this method is 
compared with both TRM and conventional TLM method. The 
main results are given, together with emphasized advantages of 
the TLM method based on Z-transforms. 
 

Keywords – cavity, frequency-dependent load, resonant 
frequency, TLM, Z-transforms   

I. INTRODUCTION 

Cylindrical metallic cavities loaded with homogeneous 
dielectric slabs represent a configuration very suitable for 
good modeling of some practical microwave applicators used 
in the processes of dielectric material heating and drying. The 
knowledge of the mode tuning behavior in a cavity under 
loading condition (i.e. physical and electrical parameters of 
the load) forms an integral part of the studies in microwave 
heating and it can considerably help in designing these 
applicators [1]. 

Transverse resonance method (TRM) [2] is a conventional 
approach for carrying a theoretical analysis of such partially 
loaded cylindrical metallic cavities. Representing a loaded 
cavity as a cascade connection of the equivalent transmission 
lines, characteristic equation for resonant frequency 
calculation can be derived from the transverse resonance 
condition. In a general case, this equation is complex 
transcendental and its solution requires an appropriate 
numerical technique and an efficient mode identification 
procedure [3]. Such complex mathematical calculations are 
hardware and time consuming representing a main 
disadvantage of TRM approach. 

In last few decades, several computational electromagnetic 
techniques, among them the Finite Difference Time Domain 
(FD-TD) [4] and Transmission Line Matrix (TLM) [5] are 
most popular in the field; emerge as an invaluable numerical 
tool providing a computationally more efficient cavity design 
solution than TRM. TLM time-domain method is a general, 
electromagnetically based numerical method that has been 
developed and applied by a number of research groups in the 
world. Authors of this paper have been used the TLM method 
in the past to investigate the influence of irregular dielectric 
slab shapes and its inhomogeneity to the resonant frequencies 
of the cylindrical metallic cavity [6,7]. In all these 
applications, cavity load was treated as a constant parameter 
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dielectric material whose complex relative permittivity was 
calculated usually at the central frequency of range of interest. 
However, such conventional TLM method approach is not 
adequate in a number of practical microwave heating and 
drying applications where dielectric materials exhibit 
properties with significant frequency dependence. Recent 
improvement in TLM method, based on introducing Z-
transforms [8], allows for accurate time-domain description of 
general frequency-dependent properties in isotropic, bi-
isotropic, anisotropic and nonlinear materials.        

In this paper, TLM method based on Z-transforms  
(TLM-Z) is applied for resonant frequency calculation of 
metallic cavity with rectangular cross-section loaded with 
either dielectric slab whose relative permittivity is complex 
and frequency independent or Debye water dielectric 
exhibiting frequency-dependent complex permittivity. Cavity 
dimensions are carefully chosen to illustrate advantages of 
TLM-Z method in comparison with TRM and conventional 
TLM approach in terms of inherent dielectric slab modeling 
especially at frequencies with significant changes of its 
electromagnetic properties.  

II. THEORETICAL ANALYSIS 

Differential time-domain methods, such as FD-TD and 
TLM method, are now capabale for modelling of complex and 
non-uniform problems over a wide frequency range. TLM 
iteration procedure based on Z-transforms technique is first 
developed for 1-D, 2-D and 3-D modelling of electromagnetic 
wave propagation in constant parameter material. Then, it is 
extended to linear frequency-dependent materials [8]. 

 
A. 3-D TLM method based on Z-transforms   

3-D TLM algorithm based on Z-transforms technique is 
developed from Maxwell’s curl equations and the constitutive 
relations. Maxwell’s curl equations in compact form are 
expressed by equation (1): 
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Fig.1 shows 3-D TLM node. This node has 12 ports 

(V1,…,V12) and 6 total field quantities (Ex, Ey, Ez, Hx, Hy, Hz) 
evaluated at the center of the cell. In TLM, the electric and 
magnetic fields and the current and voltage densities of 
Maxwell’s equations are normalized so that the 
representations of these quantities have dimensions of volts. 
For simplicity, the space-steps are assumed to be regular, i.e. 
∆x=∆y=∆z=∆l, [4]. 
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Fig.1. 3-D TLM node 

 
The formulation of the 3-D TLM method based on  

Z-transform technique consists of three steps. First, the 
reflected fields are calculated from the incident voltages and 
free-sources: 
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Assuming we have calculated the reflected fields, the total 
fields now need to be evaluated: 
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where )24/(2 eeei sgt χ++=  and )24/(2 mmmi srt χ++= , 
i={x,y,z} are transmission coefficients, ge is normalized 
electric conductivity, rm normalized magnetic resistivity, χe 
electric susceptibility and χm magnetic susceptibility.  

Finally, the reflected transmission-line voltages are 
obtained using the following equation: 
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B. Linear isotropic material 
Z-transform methods are used to incorporate frequency-

dependent material properties into the TLM algorithm, 
leading to a formal technique applicable to all linear materials, 
including first-order dielectrics such as Debye material. 3-D 
TLM model for evaluating normalized EM field quantities in 
linear isotropic materials without magnetic effects is obtained 
using the bilinear transform )1/()1(2 11 −− +−= zzs . 

Normalized electric field quantity is determined from the 
following equations: 
 )2( 1

ei
r

iei SzVTV −+=  (5) 

 ieieie
r

iei VzVzgVkVS )(2)( χ+−+= , (6) 
for i={x,y,z}, where Sei is the main electric field accumulator , 
and coefficients Te and ke are calculated knowing electric 
properties of used material: 
 1

00 )44( −++= eee gT χ  (7) 
 )44( 11 eee gk χ−+−= . (8) 
Similarly, normalized magnetic field quantity is obtained: 
 )2( 1

mi
r
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 imimim
r
imi izizrikiS )(2)( χ+−+=  (10) 

for i={x,y,z}, where Smi is the main magnetic field 
accumulator, and coefficients Tm and km are calculated 
knowing magnetic properties of used material: 
 1

00 )44( −++= mmm rT χ  (11) 
 )44( 11 mmm rk χ−+−= . (12) 

The frequency-domain electric susceptibility of a first-
order (Debye) dielectric is: 
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where χe∞ is the optical susceptibility, ∆χe is the susceptibility 
contrast of the dispersion, and τe is the dielectric relaxation 
time. Transforming to the Z domain using et

e e τβ /Δ−=  yields: 
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Frequency dependence may be presented as the function of 
the field values from the previous time-step [4]: 
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where 2)1(2/ eee βχα −Δ= . Substitution of (17) in (6) leads 
to procedure for evaluating normalized electric field 
components in a Debye dielectric: 
 )2( 1

ei
r

iei SzVTV −+=  (18) 

 edieieedi SzVS βα 12 −+=  (19) 

 ediie
r

iei SVkVS ++= 2 , (20) 
for i={x,y,z}, where the coefficients Te i ke are calculated 
using (7) and (8) for frequency-independent normalized 
conductivity ge: 

1
0 )44( −++= eee gT χ  and )44( 1eee gk χ−+−=      (21) 
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Normalized magnetic field component in a Debye 
dielectric is evaluated using (9) and (10), where the 
coefficients Tm and km for Debye dielectric are 4/1=mT  and 

4−=mk . 

III. NUMERICAL ANALYSIS 

3-D TLM method based on Z-transform (3-D TLM-Z) was 
applied to the metalic rectangular cavity loaded with one 
dielectric slab. A water, representing a linear isotropic 
dielectric material with frequency-dependent relative 
premittivity, is often used as a load in the processes of 
dielectric material heating and drying. 

Relative permittivity of water is evaluated using Debye’s 
equation [4]: 
 ( ) ( ) ( )ωεωεωε rrr j ''' −=  (22) 
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where εs is the static relative premittivity, ε∞ is the optic 
relative premittivity, τe is the electrical relaxation time, and ω 
radial frequency. Dependence of both real and imaginary part 
of the relative permittivity on frequency is shown in Fig. 2. 

 
Fig.2. Real and imaginary part of relative permittivity versus 

frequency 
 

First, metalic cavity with rectangular cross-section of 
dimensions 35×37 cm and height of 27cm, loaded with 
dielectric slab of thickness t=[0÷5]cm placed at the cavity 
bottom, was considered. It was assumed that relative 
permittivity of water is: 1) complex and constant with value  
εr = 81.725 - j4.66 calculated at f = 1 GHz, while using TLM 
conventional method and TRM and 2) complex and frequency 
dependent as described by Eqs.(22-24) while using TLM-Z 
method. Appropriate numerical results are presented in Fig.3. 

From Fig.3. it is obvious that resonant frequencies of 
modes TM11p, p={0,1,2,3,4}, obtained using TLM-Z method 
are in excellent agreement  with the values evaluated by other 
two methods. In fact, sush results are expected since, when it 
comes to water, real and imaginary parts of relative 
permittivity vary with frequency inconsiderably in the 
analyzed frequency range up to 2 GHz. Because of that, when 

TLM-Z method is used, there is very small or none difference 
between results corresponding to the real case and results 
when losses and relative permittivity dependence on 
frequency are disregarded. Table I shows comparative results 
of resonant frequencies of the given cavity modelled by  
TLM-Z method for both constant εr and frequency-dependent 
complex εr. 

 
Fig.3. Resonant frequencies versus filling factor for the case of 

dielectric slab with compex relative permittivity 
 

TABLE I 
RESONANT FREQUENCIES OF THE CAVITY (35X37X27)CM FOR 

CONSTANT εr  AND FREQUENCY-DEPENDENT εr 
Resonant frequency 

[GHz] 
Filling factor TMmnp TLM-Z: 

εr = 
81.725 

TLM-Z: 
εr = εr(f) 

f
fΔ

[%] 

TM110 0.5789 0.5709 1.38 
TM111 0.7465 0.7466 0.01 
TM112 0.9295 0.9259 0.39 
TM113 1.3028 1.3065 0.28 

t/h=0.037 

TM114 1.8151 1.8188 0.20 
TM110 0.3989 0.3989 0.00 
TM111 0.6002 0.6002 0.00 
TM112 0.8380 0.8417 0.44 
TM113 1.2369 1.2369 0.00 

t/h=0.074 

TM114 1.3540 1.3577 0.27 
TM110 0.2745 0.2745 0.00 
TM111 0.5892 0.5892 0.00 
TM112 0.8014 0.8014 0.00 
TM113 0.9149 0.9149 0.00 

t/h=0.111 

TM114 1.3357 1.3357 0.00 
TM110 0.2123 0.2123 0.00 
TM111 0.5672 0.5672 0.00 
TM112 0.6477 0.6477 0.00 
TM113 0.8746 0.8783 0.42 

t/h=0.148 

TM114 1.0906 1.076 1.34 
TM110 0.1756 0.1757 0.06 
TM111 0.4904 0.4904 0.00 
TM112 0.6002 0.6002 0.00 
TM113 0.8307 0.8307 0.00 

t/h=0.185 

TM114 0.9257 0.9259 0.02 
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Even the advantage of TLM-Z method, accounted for the 
possibility of frequency-dependent property modelling, is not 
evident here, there is another advantage of TLM–Z method 
represented by unnecessity to use finer mesh for dielectric 
modelling. For instance, in our example mesh of 35×37×27 
nodes was used for complete modelled space when TLM-Z 
method was applied, where as TLM conventional method 
demanded finer mesh in dielectric, increasing the simulation 
run-time significantly. In addition, TRM would failed to 
produce resonant frequency results if losses in dielectric slab 
were sligthy higher. 

 In order to illustrate TLM-Z capability of frequency-
dependent dielectric materials modelling, another metalic 
rectangular cavity of cross-section dimensions 63×63 mm and 
height 69 mm, loaded with water dielectric of thikness 
t=[0÷15] mm, is considered. Resonant frequencies of such 
cavity are in higher frequency range where dielectric 
properties change significantly with frequency (Fig.2). For 
modelling purpose the mesh of 21×21×23 nodes was used. As 
in the previous analysis, resonant frequencies were obtained 
for two cases, that is for constant relative permittivity  
(εr = 75.647, at f=5 GHz,) and for frequency-dependent 
relative permittivity and losses included which corresponds to 
the real case. Comparative results are shown in Table II. 
 

TABLE II 
RESONANT FREQUENCIES OF THE CAVITY (63X63X69)MM FOR  

CONSTANT εr AND FREQUENCY-DEPENDENT εr 
Resonant frequency 

[GHz] 
Filling factor TMmnp TLM-Z: 

εr = 
75.647 

TLM-Z: 
εr = εr(f) 

f
fΔ

[%] 

TM110 2.7325 2.6715 2.23 
TM111 3.4400 3.4278 0.35 
TM112 4.1231 4.0987 0.59 
TM113 5.6236 5.6235 0.00 

t/h=0.0435 

TM114 7.4655 7.4655 0.00 
TM110 1.4516 1.4028 3.36 
TM111 3.3546 3.3424 0.36 
TM112 4.0133 4.0255 0.30 
TM113 4.5257 - - 

t/h=0.087 

TM114 5.7821 5.7699 0.21 
TM110 1.0125 0.9759 3.61 
TM111 2.8911 2.8667 0.84 
TM112 3.4034 3.3912 0.36 
TM113 4.1719 4.1597 0.29 

t/h=0.1304 

TM114 4.8428 - - 
TM110 0.8051 0.7685 4.55 
TM111 2.1958 2.1104 3.89 
TM112 3.3302 3.3302 0.00 
TM113 3.7328 - - 

t/h=0.1739 

TM114 4.2939 4.2695 0.57 
TM110 0.6831 0.6587 3.57 
TM111 1.7688 1.6956 4.14 
TM112 2.9277 2.8301 3.33 
TM113 3.3912 3.3668 0.72 

t/h=0.2174 

TM114 4.1109 - - 

Table II shows significant difference between results 
corresponding to two analyzed cases, as opposed to the results 
presented in Table I. This is in accordance with expectations. 
Hence, TLM-Z method should be used for modelling of the 
cavity of small dimensions that have resonant frequencies in 
higher frequency range, since it allows accurate modelling of 
frequency-dependent properties of dielectric slab in the whole 
frequency range of interest. 

IV. CONCLUSION 

Inherent time domain modelling of frequency-dependent 
dielectric materials exposed often to the processes of heating 
and drying in microwave applicators, is done in the paper, by 
using TLM method based on Z-transforms. In comparison 
with transverse resonance method and conventional TLM 
approach, TLM-Z method takes into account frequency 
dependent complex permittivity providing a better accuracy 
especially in the areas with significant changes of permittivity 
with frequency. In addition, limitation that TRM can be 
applied to the dielectric slab with small losses and 
requirement to use a conventional TLM mesh of higher 
resolution in dielectric part of the cavity, are not imposed to 
TLM-Z method. It is clear that presented 3-D TLM-Z 
approach can be successfully applied to modelling of other 
microwave structures whose electromagnetic parameters are 
significantly changed with frequency.    
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Balanced Amplifier Using Reduced Size Hybrids 
Marin V. Nedelchev, Ilia G.Iliev 

 

Abstract - This paper presents a general theory and 
measurement of a balanced amplifier using reduced size hybrid 
couplers. Close form synthesis formulas are derived for the 
reduced size hybrid coupler. The balanced amplifier topology is 
applicable for the lower GHz band and integration in MMIC. 
Simulated and measurement results are presented. A good match 
between the theory and the measurement is observed. 

Keywords -  reduced size hybrid, balanced amplifier 

I. INTRODUCTION 

The single amplifier meets the specification for noise figure 
and gain but fails to meet the return loss specification due to 
the large mismatches on the inputs and outputs. 

To overcome this problem one solution is to use balanced 
amplifier topology. 

With a traditional transistor amplifier, a fairly flat gain 
response can be obtained if the amplifier is designed for less 
than maximum gain, but the input and output matching will be 
poor. The balanced amplifier circuit solves this problem by 
using two 90 deg couplers to cancel input and output 
reflections caused by two identical amplifiers. The basic 
circuit of a balanced amplifier using reduced size hybrids is 
shown on Fig.1. The first hybrid coupler divides the input 
signal into two equal-amplitude components with 90 deg 
phase difference, which drive the two amplifiers. The second 
coupler recombines the amplifier outputs. Because of the 
phasing properties of the hybrid coupler, any reflections of an 
incident signal on the input due to the poor match of the 
amplifiers will be channelled back through the input hybrid to 
the 50 Ohm load where they will be absorbed, and similarly 
on the output. Therefore if we look into the amplifier we will 
effectively ‘see’ the 50 Ohm loads and will therefore present a 
good input and output match.  

In addition this configuration will give us an extra 3 dB’s of 
output power and also the 1 dB compression point will be 
approximately 3 dB’s higher. That means that the circuit will 
be able to handle double the power without distortion. The 
main drawback of the design is the power required for two 
amplifiers instead of one. The balanced amplifier employs two 
quadrature hybrids in this case two reduced size hybrids 
(although branchline couplers can be used).  

The gain bandwifth is not improved over that of the single 
amplifier sections.  
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This type of circuit is more complex than a single-stage 
amplifier since it requires two hybrids and two separate 
amplifier sections, but it has a many interesting advantages: 

- the individual amplifier stages can be optimized for gain 
flatness or noise figure, without concern for input and output 
matching 

- reflections are absorbed in the coupler terminations, 
improving input/output matching as well as the stability of the 
individual amplifiers 

- the circuit provides a graceful degradation of a -6 dB loss 
in gain if a single amplifier section fails 

- bandwidth can be an octave or more, primarily limited by 
the bandwidth of the coupler. 

In practice balanced MMIC amplifiers often use Lange 
couplers, which are broadband and very compact, but 
quadrature hybrids and Wilkinson power dividers (with an 
extra 90 deg line on one arm) can also be used. 

 

 
 

Fig.1 Balanced amplifier using reduced size hybrid 

This paper presents a general theory and measurement of a 
balanced amplifier using reduced size hybrid couplers. Close 
form synthesis formulas are derived for the reduced size 
hybrid coupler. The balanced amplifier topology is applicable 
for the lower GHz band and integration in MMIC. Simulated 
and measurement results are presented. A good match 
between the theory and the measurement is observed. 

II. BALANCED AMPLIFIER DESIGN 

The circuit of balanced amplifer is shown on Fig.2. Two 
amplifiers are connected between 3 dB reduced size hybrids. 
The scattering parameters for the circuit are given through S-
parameters of each amplifier S(A1), S(A2) and hybrid’s 
power division coefficient - t. Parameter t defines the power 
ratio in both braches of the hybrids if unequal power split 
hybrid is used. For equal power split t=0.5 the following S-
paramaters are valid 
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It is obvious that for an equal split power hybrids (t=0.5) 
and amplifiers with same S-parameters (S(A)= S(B)) 
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Design with different amplifiers (S(A)≠S(B)) and unequal 
power split hybrids is described through following S-
parameters: 
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These equations give analytical description of the balanced 
amplifier, however they don’t give information about its 
physical size. The size of the amplifier in general depends on 
size of the hybrid, which size is function of λ. For lower 
frequencies (below 1 GHz) the size of hybrid gets bigger and 
it’s not convenient a conventional branch line hybrid to be 
used. In order to reduce the size of the amplifier, a special 
type of hybrid has been simulated. 

 

 
 

Fig.2 Balanced amplifier with reduced size hybrid 
 
The next section describes how the size of the hybrid can be 

arbitrary selected in order to reduce the size of the balanced 
amplifier for lower frequencies. 

III. REDUCED SIZE HYBRID 

The main element in the conventional hybrid coupler is the 
quarter-wavelength transmission line. In order to obtain 
reduced-size coupler, shown on Fig.2, in [1,2] is proposed to 
use capacitive loaded transmission line instead of quarter-
wavelength line. To assure equivalent electrical parameters, it 
is examined both circuits shown on Fig.3a and Fig.3b. The 
circuit on Fig.3b may be considered as a unit element of 
periodic slow wave structure [3].  

C  C  

C  C  2 2,Z θ  

2 2,Z θ  
1 1,Z θ 1 1,Z θ 

1 2 

3 4 

A 

A 

B B 

 
Fig.2 Reduced size branch-line coupler 

The slow-wave line consists of a transmission line loaded 
on both sides by lumped capacitors . The main parameters 
of the transmission line are the characteristic impedance 

C
cZ , 

length of the line l , and the propagation constant .  k

     

 

Z0 

2
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θ=kl 
Zc 
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Fig.3 (a) Quarter wavelength line, (b) capacitive loaded line 

The electric length of the unloaded line is
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The ABCD matrix of the quarter wavelength line is: 
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aring the AB D matrices of both circuits (2) an
is obtained the main design equations: 

0

cos sin 0
sin

c

c

CZ
Z Z

θ ω θ
θ
− =

=
           (4) 

It is obvious from Eq.4 that the characteristic impedance of 
the slow-wave line cZ  is greater than the characteristic 
impedance 0Z  of the conventional hybrid coupler.  

There are two main approa hes to desi  a red
branch-line coupler. The first a pro ch starts with th
of

c gn uced-size 
p a e choice 

 the characteristic impedances 1Z  and 2Z  of the 
transmission lines (Fig ) and calculation of their electrical 
lengths 1

.2
θ  and 2θ . On the final stage the value of the lumped 

element capacitor is calculated. The design equations become: 
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The second approach starts with the choice of the electrical 

lengths of the transmission lines  

=
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1θ , 2θ  and calculation of the 
characteristic impedances 1Z  2Z  and the value of the lumped 
capacitor. The design equations are as follows: 
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The analysis of the reduced size hybrid is carried out using 
the fourfold symmetry of the s matic own o
Using proper excitation of the structure both symmetry planes 
AA and BB can be either magnetic (open circuit) or electric 
w

=

=        

che sh n Fig.2. 

alls (short circuit). The equivalent schematics for the four 
different excitations are shown on Fig.4. 
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Fig.4. Equivalent schematics for one quarter section when (a) AA 
and BB are magnetic walls, (b) AA is electric wall, BB is magnetic 

wall, (c) AA is magnetic wall, BB is electric wall, (d) AA and BB are 
electric walls. 

The reflection schematic are 
o

 coefficients of each equivalent 
btained as follows: 
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The scattering matrix elements are derived as follows [4,5]: 
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If the reduced size hybrid is designed according to Eq.5 or 
Eq.6, therefore the scattering matrix elements (Eq.9) will 
reduce to

           (9) 

 11 14 0S S= = , 13 1 2S = − , 12 2S j= − . 

III. THEORETICAL AND EXPERIMENTAL RESULTS 

To verify sed ba ifi the propo  method, a lanced ampl er using 
reduced size hybrids has been designed and fabricated. In this 
cas
thic  
m

e the operating frequency of the amplifier is 800 MHz. The 
kness and dielectric constant of the FR4 substrate is 0.8

m and 4.1 respectively. Thus the line width of traditional 
branch line coupler is 1.6 mm and of the hybrid is 59.2 x 59.2 
mm. If the size of the branch λ/4 is reduced to 16.3 mm and 
5.6 pF shunt capacitors are added then the size of the whole 
branch-line coupler is reduced to 18.7 x 36,8 x mm. The 
expected miniaturization ratio is 3.3 in area. The related 
parameters according to different lengths, capacitive load and 
miniaturization ratio are listed in Table 1. 

Table 1 Reduced size branch-line coupler 

 Traditional 
Hybrid 

Reduced size 
hybrid 

Miniaturization 
ratio 

λ/4 , mm 59.2 16.3 3.63 
C, pF - - 5.6 
Θ, deg 3.31 90 27.18 

The photo of t facture ier is show ig.5. he manu d amplif n on F

 
Fig.5 Photo of the realized amplifier 
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A wideband amplifier with high dynamic range GALI74+ 
has been used as a key element of the balanced amplifier. It 
uses transient protected Darlington configuration transistors 
and is fabricated using InGaP HBT technology in SOT-89 
package. 

We used Ansoft Designer to obtain the simulated results. 
The S-parameters of GALI74+ are given on Fig. 6. 

  

 

 

 
Fig. ner 

lyser and the following results 
w

8 Simulated results using Ansoft Desig

The fabricated balanced amplifier had been measured using 
HP 8510 vector network ana

ere obtained.  

 

Fig. 6 S-parameters of GALI74+ 

The figure shows that the amplifier has more than 20 dB 
ga  and input match –20 dB. This means that there is no need 
of addition matching network if we use the amplifier for the 
given range.  

 

in

 
Fig. 9 Measured results using Ansoft Designer 

V. CONCLUSION 

his paper ent of a 
balanced a . Close 
fo

le 
z band and integration in MMIC. Simulated 

and measurement results are presented. A good match 
between the theory and the measurement is observed. 
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Fig. 7 Stability factor K of GALI74+ 

Fig.7 shows that the transistor is unconditionally stable in 
th whole frequency range. 

Simulated balanced amplifier has 21 dB gain and –21 dB 
return loss for 800 MHz. The frequency band is 130 MHz. 

A good agreement between numerical and experiment 
results is shown on Fig. 8 and Fig. 9, except for the gain 
which is sensitive to line lengths and widths of the reduced 
size hybrid.  
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Hybrid PKI Temperature Dependent  
Small-Signal Model of Microwave Transistors 

Zlatica Marinković, Vera Marković1 

Abstract – In this paper we are proposing a temperature-
dependent small-signal model of microwave transistors. It 
consists of an empirical small signal model based on a device 
equivalent circuit and a prior knowledge artificial neural 
network.  This model is more efficient and more accurate then an 
earlier proposed hybrid empirical-neural that include 
dependence on the ambient temperature. The proposed models 
has been developed for a pHEMT device and the obtained 
modeling results are contrasted to the reference values and to the 
values obtained by the earlier proposed hybrid model. 
Comparison of the modeling results prove advantages of the 
model proposed in the paper over the earlier proposed hybrid 
model. 

 
Keywords – artificial neural network, microwave transistors, 

small-signal model, temperature dependence 

I. INTRODUCTION 

Small-signal and noise modeling of low noise microwave 
transistors require special care in the computer-aided design 
of active circuits used in modern wireless systems. Extensive 
work has been carried out in the field of signal and noise 
modeling of these devices. Their physical models are too 
complex and require many input technological parameters, 
therefore the empirical models, mostly based on equivalent 
circuits are often used, [1]. Transistor small-signal 
characteristics are temperature dependent, but most of the 
existing transistor small-signal models are valid only for a 
specific ambient temperature. Therefore, for each given 
temperature point, it is necessary to extract the elements of the 
model. Extraction is basically an optimization process that can 
be time-consuming. Furthermore, the measured values of S-
parameters for a given temperature point are requested for the 
extraction, which could take much efforts and time, since the 
temperature dependent measurements require special 
equipment and procedures. 

In order to overcome the mentioned problems, in the 
earlier work, we have proposed the procedure for prediction 
of scattering (S-) parameters of microwave MESFETs and 
HEMTs for various device ambient temperatures, [2] and [3]. 
That model is a kind of hybrid empirical-neural models. An 
artificial neural network (ANN) is trained to predict 
temperature dependence of elements of the device equivalent 
circuit (ECP – Equivalent Circuit Parameters). Values of S-
parameters are calculated within a microwave simulator for 
the ECP predicted by an ANN for a given temperature. ANNs 
have been chosen as a modeling tool since they have the 
ability to learn from the presented data, and therefore they are 

especially interesting for problems not fully mathematically 
described. It should be noted that they fit non-linear 
dependencies better than polynomials. There are many papers 
referring results of applications of the neural networks in the 
microwave area, [2]-[10].  

The earlier proposed hybrid model has two potentional 
drawbacks: time-consuming extraction of ECPs required for 
collecting data for ANN training and modeling errors due to 
insufficiently accurate extraction of ECPs. 

Here, we are proposing a new hybrid empirical-neural 
model based on empirical equivalent circuit and a prior 
knowledge input (PKI) ANN, in order to overcome the 
mentioned drawbacks. The model and its development are 
described in the paper. An example of modeling the specific 
device is provided as well. In order to prove advantages of the 
model the obtained results are contrasted to the reference 
(measured) values and values obtained by using the earlier 
proposed hybrid model.  

II. ARTIFICIAL NEURAL NETWORKS 

A standard multilayer perceptron (MLP) artificial neural 
network is shown in Fig. 1, [4]. This network consists of an 
input layer (layer 0), an output layer (layer NL), as well as 
several hidden layers.  

 

 
Fig. 1. MLP artificial neural network 

Input data vectors are presented to the input layer and fed 
through the network that then yields the output vector. The l-
th layer output is: 

)( 1 llll F BYWY += −           (1) 

where and  are outputs of l-th and (l-1)-th layer, 
respectively,  is a weight matrix between (l-1)-th and l-th 
layer and  is a bias matrix between (l-1)-th and l-th layer. 

lY

B

1−lY

lW

l
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Function F is an activation function of each neuron and, in 
our case, is linear for input and output layer and sigmoid for 
hidden layers. The sigmoid function is: 

)1/(1)( ueuF −+=     (2) 

The neural network “learns” relationship among sets of 
input-output data (training sets) that are characteristics of the 
device under consideration during an optimization process, 
called the ANN training. The most common training 
algorithms are based on backpropagation algorithm, [6]. The 
backpropagation training algorithm can be described shortly 
as follows. First, input data vectors are presented to the input 
neurons and output vectors are computed. These output 
vectors are compared with desired values and errors are 
computed. Error derivatives are then calculated and summed 
up for each weight and bias until whole training set has been 
presented to the network. These error derivatives are used to 
update the weights and biases for neurons in the model. The 
training process proceeds until errors are lower than 
prescribed values or until maximum number of epochs (epoch 
is the whole training set processing) is reached. Once trained, 
the network provides fast response for all vectors from the 
input space without any additional change of its structure or 
its parameters. Furthermore, it provides correct response for 
the input values completely different from training ones, i.e. it 
is said that a trained ANN has a capability of generalization. 

III. HYBRID EMPIRICAL-NEURAL  
SMALL SIGNAL MODEL OF FETS/HEMTS 

In this paper we are considering a standard empirical model 
of microwave FET/HEMT transistors based on an equivalent 
circuit modification. A schematic of a packaged FET/HEMT 
equivalent circuit is shown in Fig.2.  

 

 
Fig.2. MESFET / HEMT package equivalent circuit 

 
The intrinsic circuit (denoted by a dashed line) which is 

common for most of the transistor models is embedded in a 
network representing device parasitics. 

The equivalent circuit parameters (ECP) are extracted 
from the measured values of the device scattering (S-) 

parameters. Since the model is valid only for one ambient 
temperature at which the S-parameters used in the extraction 
processes were measured. For any other temperature from the 
temperature range it is necessary to repeat measurements at 
that temperature and extract ECP values corresponding to that 
temperature. In order to avoid repeating of these procedures 
for any other temperature, and to include the dependence on 
temperature into the model, a hybrid empirical-neural model 
was proposed in [2]. The principle is shown in Fig.3. 

 

 
 

Fig.3. Hybrid empirical-neural model 
 
For the purpose of the ECP determination versus 

temperature it has been proposed to add to the model an MLP 
neural network with one hidden layer. It has one neuron in the 
input layer corresponding to the ambient temperature (T), 
while the number of the neurons in the output layer 
corresponds to the number of temperature dependent ECP (let 
this number be denoted as N). The network is trained using 
extracted ECP values for certain number of operating 
temperatures. After the training is done, ECP for any 
temperature from the operating temperature range are 
determined by simple finding neural network response. 

IV. HYBRID PKI EMPIRICAL-NEURAL MODEL 

In order to increase modeling efficiency further, a new 
approach is proposed. Instead of temperature dependent ECP, 
in the proposed model ECP are assumed to be constant having 
the values that correspond to a single temperature (here we 
have chosen 20°C). The temperature dependence of S-
parameters in introduced by an ANN trained to predict values 
of S-parameters for given temperature and frequency. The 
ANN is a PKI (Prior Knowledge Input) ANN that has 
additional knowledge at its inputs, [4]. In this case the prior 
knowledge is represented by the values of S-parameters 
obtained by the empirical model for T=20°C, Fig.4. Targets 
for the ANN training process are measured values of S-
parameters for each temperature-frequency pair chosen for the 
training purposes.  

Number of hidden layers (mostly one or two) and a 
number of neurons in the hidden layer(s) are not known a 
priori. Too many hidden neurons require more CPU time and 
can result in network over-learning and too few neurons may 
result in network under-learning. During the network training, 
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neural networks with different number of hidden neurons are 
trained and validated. After the validation process, a network 
that gives the best prediction results is chosen as the noise 
model for the device.  

 

 
Fig.4 Hybrid PKI empirical-neural model 

  
The proposed model is implemented in a microwave 

circuit simulator as follows: The first step is extraction of the 
ECP for the reference temperature (here 20°C) in the 
microwave simulator. It is done before the ANN training. The 
next step of implementation is done after the ANN was 
trained. It is performed within ANN training environment by 
generating mathematical expressions corresponding to the 
chosen ANN. Further, these expressions are put into VAR 
(Variable and Equation) block on the device schematic in the 
circuit simulator. Inputs of that VAR block are temperature 
frequency and values of S-parameters obtained by the 
empirical model for that frequency. Outputs of the VAR block 
are the final values of the S-parameters of the considered 
device. In that way prediction of S-parameters at any 
temperature and frequency from the device operating ranges is 
enabled, while the number of the necessary ECP extractions is 
reduced.  

V. NUMERICAL RESULTS 

The proposed method has been applied to a packaged 
microwave HEMT, type NE20283, from NEC. Measured 
values of S-parameters over the temperature range from 
 –40°C to 60°C (20°C step) were used for the development of 
the model. These data had been obtained earlier at the 
University of Palermo, Italy [11].  

First, the ECP of small-signal model were extracted from 
the available measured data for the temperature T=20°C. 
Then, the values of the S-parameters are simulated in the  
(6-18) GHz frequency range, with a 0.2GHz step and an 
appropriate training set was formed. After the ANN training 
process, a network with two hidden layers consisting of five 
and two neurons, respectively, was chosen and implemented 
into the microwave simulator ADS, [12]. 

As an illustration, in Fig.5 and Fig 6, temperature 
dependences of magnitudes of  and  parameters, 
respectively, are given. The measured (reference) values are 
represented by symbols and values obtained by the first hybrid 

model by dashed lines. Solid lines represent values obtained 
by the proposed model hybrid PKI model. One can observe 
that values obtained by both of the hybrid models are very 
close one to each other and the both are very close to the 
reference values. 

11S 21S

 
Fig.5 Magnitude of  parameter 11S

 

 
Fig.6 Magnitude of  parameter 21S

VI. CONCLUSION 

During the development of the proposed hybrid PKI 
empirical neural model extraction of ECP is done only once, 
therefore it is less time consuming than the previously 
proposed hybrid model.  

Moreover, in the previously proposed hybrid model, the 
ANN is trained using the extracted values of ECP, and 
therefore if extraction was not done with a sufficient accuracy 
it will result in a degradation of the accuracy of the model. 
But, since the ANN in the proposed model is trained using 
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measured values of S-parameters the model is less sensitive to 
the accuracy of ECP extraction than the hybrid model.  

The both advantages over the hybrid model, increasing of 
the modeling efficiency and more accurate modeling, make 
the proposed model to be a convenient solution for the 
temperature dependent small-signal modeling of microwave 
FETs/HEMTs. 

Implemented in a microwave simulator, the proposed 
model can be used a user-defined library element representing 
the considered device. It has the temperature as the input and 
can be used for prediction of the S-parameter in the whole 
temperature range without changes in its structure and 
avoiding need for additional measured data acquiring and 
optimisation procedures. 
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Two Realizations of Active Transmitting Station at 
13GHz Frequency Range 

P. Manojlović1, S. Jovanović2, N. Popović1, S. Tasić2 and M. Perić1 

 
Abstract: The paper discusses possible solutions for radio relay 

links without direct visibility between terminal stations. Instead 
of expensive passive reflectors, two realizations of active 
transmitting stations is proposed, described in detail and 
realized. In one of the presented cases a special attention is paid 
to power consumption reduction in order to enable powering 
from solar panel and wind power generators.  

Keywords – Microwave links, Radio relay networks design 
Power consumption,  

I. INTRODUCTION 

There are few solutions for cases when the RF signal has to 
be transmitted over some obstacle that prevents direct 
visibility between two terminal stations, or when it is 
necessary to redirect the signal path, where all of them can be 
classified in two major groups: passive and active: 

A. Passive transmitters 

1) Passive signal repeaters or RF mirrors. This is the 
traditional method that is relatively demanding and expensive 
because the required mirror size is usually from 16 to 64 m2. 
Such a repeater has to withstand the maximum wind force for 
the given area which is a demand that increases the cost of its 
construction. Moreover, this class of repeaters can’t be 
realized for all possible angles between the repeating post and 
terminal stations.  

2.) Passive repeater consisting of two back to back 
antennas. This solution is possible for relatively short 
distances only because free space attenuation and losses in the 
connecting waveguide cannot be overcome by antenna gains 
with margin large enough to ensure uninterrupted 
transmission if fading occurs. The transmitting power increase 
of the terminal stations can help in a limited number of cases. 
Because of that this solution is very rare in practice and is 
applicable for short distances only. 

B. Active transmitters 

3) RF signal transmission with two radio-relay links in back 
to back configuration. This solution requires an uninterrupted 
power supply on the repeater’s place. Also the price for this 
solution is relatively high because it requires the purchase of 
two additional links with antennas. This solution is possible 
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for all angles between the repeating post and terminal stations. 
The only limiting factor regarding the angles can be the 
presence of other radio relay devices whose output signal can 
interfere with the transmitter operation. Such transmitting 
station permits transmitting frequency or channel change 
which is an option that allows much easier planning of the 
whole radio-relay network.   

4) Active transmitter with diplexers and RF amplifiers. The 
advantage of this solution over the previous active solutions is 
lower power consumption and simple configuration. However 
since the input diplexer can’t sufficiently suppress the near-
channel interference, such a transmitter can be used only at 
the places without interfering signals. Another disadvantage 
of such transmitting stations is that they are prone to 
undesired oscillations especially when total RF amplification 
exceeds 50 dB.  

5) Active Transmitting Station (ATS) that allows frequency 
changes, large gain, good selectivity and near-channel 
suppression. Its major advantage relative to solution No.3 is 
the much lower price. Also due to lower power consumption it 
is suitable for application on places outside the regular power 
network where the only possible powering solution is from 
solar panels or wind generators in combinations with batteries 
of sufficient capacity. IMTEL Communications produces two 
power supply options for DC voltage of 24 V and 48 V. The 
operation of this kind of transmitters can be monitored in the 
same manner as regular radio-relay links and incorporated 
into the network for remote monitoring.  

II. TECHNICAL SOLUTION DESCRIPTION 

If the active transmitter is used in a radio relay network, 
then network planning is similar to the case when two 
complete back to back radio relay links are used for signal 
repetition. It is advisable to set-up both transmitters of the 
active transmitter to operate at the same sub-band. Otherwise 
the transmitters could easily interfere with the operation of 
each other’s receiver and such interference is very hard to 
root-out once when it emerges.  

Active transmitters presented in this paper are designed for 
IMTEL’s digital radio relay link with a capacity of 4×2 MBit/s 
that operate at 13GHz frequency range. However presented 
solution can handle IMTEL’s links with higher capacity as well 
as links made by other manufacturers and it is applicable for 
realization on other microwave frequency ranges.  

One of the most important design requirements for the active 
transmitting station is power consumption lowering. Big power 
saving can be achieved by using the same local oscillator for 
both the receiver and the transmitter instead of having two 
independent oscillators. This was a general idea that affected 
the whole frequency plan of the presented active transmitter.  
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TABLE I 
FREQUENCIES OF OPERATING CHANNELS 

Channel frequency [MHz] – 
lower subrange 

Channel frequency [MHz] – 
upper subrange 

12754,5 13020,5 
12761,5 13027,5 
12768,5 13034,5 
12775,5 13041,5 

The repeater preseneted in this paper is intended for a 4×2 
MBit/s capasity  channel operation. However, the presented 
solution is also appliable for other signal bit rates and frequency 
ranges. It is also applicable for devices of all manufacurers 
using FSK or PSK modulation procedures. One of the basic 
requirements in the designing of repeaters is to maintain 
minimal energy consumption. The frequency plan of the 
repeater includes one local oscillator for both transmitting and 
receiving branches. The local oscillator is placed above the 
receiving range in one device and below it in the other. So, we 
have the solution with two intermediate frequencies.  

fIF1 =  1008 MHz     and    fIF2 =  1274 MHz 

The basic difference in the two demonstrated solutions is that 
in the first solution synthesis of the local oscillator is used, as 
presented in Table I and Table II, working frequencies and in the 
second case the local oscillators are generated at subharmonic 
frequencies.  

TABLE II 
FREQUENCIES OF LOCAL OSCILLATORS–PLL SYNTHESIS FOR BOTH 

VERSIONS 
frequency L.O. – lower [MHz] frequency L.O. – upper [MHz] 

version A version B version A version B 
11746.5 5873.25 14028.5 7014.25 
11753.5 5876.75 14035.5 7017.75 
11760.5 5880.25 14042.5 7021.25 
11067.5 5533.75 14049.5 7024.75 

The existence of two intermedaite frequencies enables 
significant signal amplification without the problems of 
interference and oscillation. The chosen intermediate 
frequencies have no harmonic dependence and may not cause 
unwanted interference. The first solution, which used signal 
mixing at an operating frequency had a considerable drawback 
as the energy consumption was around 25W, which is a high 
consumption. If the same frequency plan is used, even greater 
redesigning of the units could not lower the energy 
consumption for more than 25 %. So, the solution with a 
different frequency plan was chosen. The lowering of energy 
consumption was achieved by using subharmonic mixers for 
conversion of channels in receiving and transmitting branches. 
In this way, one doubling of the local oscillator signal was 
avoided, which lowered the energy to 15W. As it can be seen in 
the diagram, amplifiers in the local oscillator branches were no 
longer needed. This additionally lowered the consumption. The 
local oscillator may generate 4 frequencies in the upper 
subrange and the other local oscillator generates 4 
corresponding freqiencies in the lower subrange. 

According to demonstrated diagram, in order to use upper 
or lower subrange it is neccessary that converter units are 

made so as their L.O.> RF or L.O.< RF, depending on which 
subrange is to be used.  

Input waveguide filters have such bandwidth that they have 
all four subband channels at 13GHz (upper, i.e. lower). For 
this solution, waveguide diplexers were used as in standard 
transceivers of radio relay devices. Ampifiers at microwave 
frequencies are wideband and select input and output bands by 
waveguide filters i.e. deplexers. In the first solution of the 
repeater, diplexer is made by using two waveguide filters and 
a circulator. In the solution with subharmonic mixers, 
diplexers with two integrated waveguide filters and a 
waveguide combiner were used (no circulator is needed). 

For both solutions, distributions of aplification are designed 
in the same way as described. Distribution of amplification in 
the repeater is made so as in each frequency it gains 
amplification of no less than 20 dB and no more than 30 dB. 
Reason for such design requirement is very simple. 
Amplification of up to 30 dB is very hard to control in the 
whole of temperature range and unwanted oscillations and 
instabilities are not likely to occur. Starting criterion upon 
setting requirements for total amplification of the repeater is 
that when at the input of receiving branch signal of - 45 dBm 
is gained, full transceiving power at the transceiving branch 
should be + 21 dBm. In this way total effective amplification 
of 66 dB i.e. 70 dB is gained. To the effective amplification, 
the lost amplification due to losses of  frequency conversion 
by input attenuation in diplexers and intermediate filetrs 
should be added and thus total amplification is gained. Total 
amplification is effective amplification plus all specified 
losses. When all this is taken in consideration, distribution of 
effective amlification is gained as in Table III. 

TABLE III 
DISTRIBUTION OF AMPLIFICATION IN ONE BRANCH OF AN ACTIVE REPEATER 

Aplification values in all ATS sections  [dB] 
Rx IF Tx 
25 25 + AGC 20 

 
Fig.1. Frequency characteristic of the IF section operating at 

fIF2=1274MHz 
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Fig.2. Block diagram of the transmitter (version A) 

 
Fig.3. Block diagram of the transmitter (version B) 

 

If signal at receiver’s input exceed -45dBm, automatic gain 
control in IF amplifier will lower its gain preventing 
saturation of the output amplifiers cascade. Output power 
saturation would distort the transmit signal spectrum and 
increase BER of the transmitting signal.   

Big overall gain is required to overcome all losses occurred 
over the signal propagation path. If total gain is provided with 
amplifiers that operate at the same frequency such system 
could easily start to oscillate. This is the main reason why the 

overall required amplification is distributed over three 
different frequency ranges. Also with conversion to the IF it is 
possible to achieve enhanced selectivity for suppression of 
unwanted near-channel interferention. Presence of unwanted 
signal within the input filter passband with a level suppressed 
for less than 30 dB related to regular signal can often cause 
amplifier oscillations. Fig.1. shows frequency characteristics 
of the IF amplifier with a bandpass IF filter for two various 
amplifier’s gain. 
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III. REALIZATION AND OBTAINED RESULTS  

On Fig.2. and Fig.3. are shown block diagrams of the version 
A and version B of the transmitter. Whole transmitter is divided 
into two separated parts, one consisting of an antenna and shaded 
parts from Fig.2. (or 3), and second part consisting of an antenna 
and white parts from Fig.2.(or 3). These two parts are connected 
with two coaxial cables, one of them transmitting signal at 
frequency fIF1=1008 MHz, and the other with signal at frequency 
fIF2=1274 MHz. Since the distance between these two parts of the 
transmitter are relatively short (up to 10m, typically), they 
introduce small losses that are compensated by AGC within the 
IF amplifier so that they don’t affect operation of the transmitter. 
Beside these two coaxial cables the two parts of the transmitter 
are mutually connected with power and signalization lines. All 
connecting lines are placed into the rigged metal pipe for their 
protection against environmental influence. 

  
Fig.4. Photo of the repeater version A – view from above 

 

Fig.5. Photo of the repeater version B – view from above 

 

Fig.6. Photo of the repeater version B – lateral view 

In the version A, all units are mounted on the upper part of 
the plate while in the version B units are mounted in two levels, 
on both upper and lower part of the plate as presented on Fig.6. 

VI. CONCLUSION  

Specified characteristics of the version A are improved in 
version B with respect to lowered power consumption and 
simlification of demonstrated units as well as smaller physical 
dimensions.  

Regulation of output power, by dip switcher – from around 
0 to around +20 dBm, is very easy to achieve optionally. This 
solution offers protection from interfering signals. This is 
especially important if the first step is very short, e.g. a few 
hundred meters, which frequently occurs in settlements in 
valleys and below hills. In this way, designers are given 
flexibility in covering various distances. In financial respect, 
this solution is considerably cheaper than building of passive 
repetares or using of back-to-back configurations.  

Great flexibility is also possible in chosing of the operating 
channel (from 1st to 4th). Low power consumption enables 
applications at locations with no immediate network power 
supply (solar panels or wind power genartors). Small physical 
dimensions enable easy integration with the antenna 
mechanisms. Installation, servicing and maintenance is also 
easy to perform.  

The repeater fulfills requirements regarding quality of 
gained signal, insulation of output ports, power consumption, 
physical dimensions, temperature stability and price 
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Direct IQ Modulator for 38 GHz Frequency Range  
Siniša Jovanović1, Aleksandar Nešić2 and Vladimir Orlić2 

 
Abstract: A simple low-cost direct IQ modulator with original 

configuration at 38 GHz frequency range is introduced in this paper. 
The modulator consists of a subharmonic mixer with two 
antiparallel diode pairs. An original design and characteristics of the 
input circuit that supply LO and modulation signals to the mixing 
diodes is discussed and described in details. The realized IQ 
modulator has conversion loss of 19 dB with more than 40 dB LO 
suppression and 32 dB of the symmetrical signal suppression.  

Keywords – Subharmonic mixer, direct IQ modulator 

I. INTRODUCTION 

One of the most convenient methods of producing a 
modulated RF signal at millimeter-wave frequencies is with 
diode-mixer based direct IQ modulators. Since direct mixers 
with a local oscillator at transmitting frequencies have 
relatively poor LO suppression, the optimal solution could be 
IQ modulators based on sub-harmonic mixers with LO 
frequency at half of the output frequency [1]. In the standard 
IQ modulator configuration there is a 90° phase shift between 
the LO carriers entering I and Q mixers. For sub-harmonic 
mixers it is more convenient to introduce the required 90° 
phase shift at the mixers’ RF port with a 90° hybrid coupler as 
presented on Fig.1.  

 
Fig. 1. Configuration of a simple direct IQ modulator 

A very good suppression of all even harmonics of the LO 
signal can be achieved by using antiparallel diode pairs as 
mixing devices in sub-harmonic mixers. In such a case the input 
part of the subharmonic mixer should introduce one half of the 
LO signal combined with an I or Q modulating signal to the 
input of the corresponding pair of antiparallel diodes as shown 
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on Fig. 2. The output part should combine RF signals generated 
at the diodes with a proper phase shift of 90°. Both the input 
and output part of the presented configuration (within the doted 
rectangles on Fig.2) can be easily realized as printed microstrip 
circuits. In that manner the whole direct modulator consists, in 
addition to microstrip circuits, of only a few discrete 
components: two antiparalell diode pairs, terminating 50 Ω on 
resistor, and 100 Ω resistor within the Wilkinson power 
divider. Such simple configuration is suitable for obtaining 
direct IQ modulator that operates at high microwave or 
milimeter wave freqeuncies.  
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Fig. 2. Configuration of subharmonic mixer operating as direct IQ 

modulator 

II. DESIGN OF THE INPUT DOUBLE DIPLEXER 
CIRCUIT 

Input circuit of a direct IQ modulator has a function to 
divide LO signal to two equal and symphase samples. It also 
functions as a diplexer that combines low frequency I (or Q) 
modulating signal with high frequency LO signal. On Fig. 3. 
is presented a layout of a microstrip input circuit for direct 
subharmonic IQ modulator operating at output frequency of 
38 GHz. Instead of using usual Wilkinson divider, LO signal 
is divided with a λg/4 line with high Zc that is coupled at the 
both sides with a folded λg/4 high Zc lines [2] (λg for given 
dielectric substrate and at the LO frequency). One side of the 
folded line is connected to the mixing diodes, while the other 
side is connected to the virtual ground provided by a parallel 
open stub with Zc=50 Ώ and length of λg/4 at fLO. 

A line which connects I (or Q) modulation input port with 
corresponding mixing diodes has another parallel open stab 
with Zc=50 Ώ and length of λg/4 at fRF=2fLO.which functions as 
a band-stop filter at the output RF frequency. Two parallel stubs 
are separated with high Zc line with length of λg/2 at fLO.  
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Fig. 3. Proposed layout of microstrip input circuit 
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Fig. 4. S-parameters [dB] EM simulation frequency [GHz] response 
for the input circuit: S21 (solid line), S24 (black doted line), and S11 

Fig 4. shows EM simulation [3] frequency response  for 
significant S-parameters of the five-port input circuit. 
Transmission from the LO port (P1_LO at Fig.3) to the one of 
two mixing diode ports (P2_DP1 or P3_DP2) is presented as a 
solid line on Fig.4. showing insertion loss of about 4dB at fLO 
(marker m1). Transmission from the I (or Q) input port (P4_I 
or P5_Q) to the corresponding mixing diode port is presented 
as black doted line showing insertion loss lower than 1dB 
from DC up to about 6 GHz (marker m2), while at the fLO 
(m3) and fRF (m4) insertion loss is about 45 dB and 33 dB, 
respectively. Return loss at the LO port (gray doted line) is 
very good at fLO, however this is under assumption that mixing 
diodes’ input impedance is close to 50 Ώ at  fLO. According to 
these results the proposed input circuit will easily perform its 
designed function within the direct IQ subharmonic modulator.  

III. DESIGN OF THE OUTPUT CIRCUIT  

The output RF signal generated at mixing antiparallel diode 
pairs should be combined with a proper phase shift of 90°, which 
can be performed with standard branch coupler. However, for 
better suppression of the subharmonic LO signal a modified 
version of the branch circuit presented on Fig. 5 can be used. This 
coupler has four parallel open stubs (Zc=50 Ώ, L= λg/4@fLO) 
added at all inputs. These stubs operate as bandstop filters at 
subharmonic LO frequency range.  

EM analysis results of the circuit from Fig. 5 are presented at 
Fig.6. and 7 showing good phase and amplitude S21/S31 balance 
from 37 to 39 GHz (Fig.7. and M1 at Fig.6.) as well as good S21, 
S31 and S41 suppression at  LO frequency (M2 at Fig. 6).  

 
Fig. 5. Proposed layout of modified branch coupler  
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Fig.6. Modified branch’s S11, S21, S31 and S41 EM analysis results 
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Fig. 7. S31/S41 amplitude (thick line) and phase (thin line) balance 

 

The required AC coupling in the output circuit is obtained with 
coupler presented on Fig. 8. which consists of two mutually 
coupled folded quarter-wavelength microstip lines [2]. EM 
simulation results of S21 and S22 parameters are presented on 
Fig.9 showing good insertion and return loss at RF frequency 
(markers M1 and M2) and good isolation at LO and near to 
DC frequencies. 

The modulator is realized with standard photolithograph 
technology as uniplanar microstrip circuit on dielectric substrate 
RO4003 (εr=3.38, h=0.2 mm). Overall circuit size is 17×17 mm. 
Besides two π attenuator cells at both I and Q ports, the only 
discrete components are two GaAs flip chip anti-parallel schottky 
diodes MA4E1318 and terminating resistor. Fig.10. shows a 
photo of the realized modulator.  

372 



 

 
Fig. 8. Proposed layout of modified branch coupler  
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Fig. 9. Proposed layout of modified branch coupler  

IV. MODULATOR REALIZATION  

 
Fig. 10. Photo of realized direct IQ modulator for 38GHz 

V. MEASURED RESULTS  

The realized modulator is tested with the Baseband Signal 
Processor for digital RR link with direct IQ modulator [4]. This 
processor can provide diferent types of testing signals for I/Q 
ports. At the first, from the processor are provided two eqal-level 
single-tone signals with mutual phase shift of 90° for SSB test. 
Optimal working point of the modulator is achieved with LO 

signal level of about +16 dBm and I/Q signal level of -7 dBm. 
Measured SSB test results are presented on Fig. 11. showing 
supression of the simetrical signal of 32.8 dB, which is a result 
close to the maximum value (35 dB) than can be measured with 
the available Baseband Signal Processor. Measured results also 
show exellent LO signal supression of 39 dB which is confirmed 
with measured output signal spectrum for OQPSK signals with 
capacities of 8.8, 17.6 and 35.2 Mbit/s presened on Fig. 11-14.  

 
Fig. 11. Measured SSB test results 

 
Fig. 12. Measured output signal for 8.8 Mbit/s OQPSK modulation 

 
Fig. 13. Measured output signal for 17.6 Mbit/s OQPSK modulation 
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The realized modulator was tested for nonlinear distortion with 
two-tone test applied to only one of I/Q branches. Measured 
results are shown on Fig. 15. 

Fig. 15. shows maximum measured nonlinear distortion of 
about -37 dBc. According to Fig. 16., this distortion level would 
increase the BER 10-6 threshold level for less than 0.5 dB for all 
QAM modulation schemes up to 128QAM. In case of 256QAM 
modulation, the presented direct IQ modulator would increase 
the BER 10-6 threshold level for about 0.6 dB according to the 
measured distortion and Fig. 16.  

VI. CONCLUSION  

This paper presents a concept, design, realization and 
measured results for direct IQ modulator with output frequency at 
38 GHz range. Because its original and simple configuration it is 
realizable even with limited technology level. Design of the input 
and output microstrip circuits of the modulator is described in 
detail together with characteristics obtained by EM analysis.  

Fig. 14. Measured output signal for 35.2 Mbit/s OQPSK modulation 

Recorder spectrums shows no LO leakage above the main 
lobe level. Together with the signal spectrum Fig.11-14 show 
recommended limit lines for corresponding signal capacity 
according to ETSI standard [5]. Side-lobs visible for two 
lower-capacity spectrums are consequences of adopted signal 
shaping method [6].  

For optimal signal levels of PLO=+16 dBm and PIF=-7 dBm 
the modulator has a conversion loss of 19dB, achieving output 
signal level of PRF=-26 dBm. The modulator has excellent LO 
signal supression of 39 dB and SSB better than 32 dB. Measured 
nonlinear distortion is better than -37 dBc, which ensures qood 
transmission quality with this direct IQ modulator even with 
high-capacity modulations up to 256QAM.   

For mentioned optimal LO and I/Q input signal levels 
measured RF output signal level equals -26 dBm, which 
means that the IF/RF conversion loss equals 19 dBm. 
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Bandwidth Improvement of a Foursquare Microstrip 
Antenna 

Slavi R. Baev1 and Nikola I. Dodov2 

Abstract – A Foursquare microstrip antenna with a very wide 
bandwidth – about 95 % is presented.  This value is better than 
those for the existing antennas of this type.  The paper describes 
the antenna geometry and investigates its performance. Main 
antenna parameters such as input impedance, return loss, 
radiation pattern and gain are evaluated and analyzed. 
 

Keywords – Microstrip antenna, Foursquare, bandwidth. 

I. INTRODUCTION 

Wideband operation is highly desirable in modern 
communications systems. As part of these systems the 
radiating elements are also required to have a broad operating 
frequency range. The Foursquare antenna presented in [1] has 
a very wide operating bandwidth. It has also other useful 
properties as low profile, compact size, and dual linear or 
circular polarization operation. 

The first investigated Foursquare geometry has a bandwidth 
(BW) of about 20 % [1],[2]. The bandwidth is defined for the 
frequency range where the return loss is less than -10 dB 
(VSWR<2). The same antenna with an optimized distance 
between the radiating patches and the ground plane exhibits a 
bandwidth of 35-40 % [2],[3]. Another antenna similar to that 
of the Foursquare also shows good frequency behavior. This 
is the Fourpoint antenna [2],[4]. The geometry of this antenna 
introduces an additional capacitance, which compensates for 
the high inductive reactance at the upper band region. The 
result is an improved operating bandwidth – values between 
44 % and 54 % are reported. The addition of a tuning plate 
under the main radiating patches is another way to broaden 
the bandwidth. The resonance of the tuning plate overlaps the 
operating band of the antenna at the upper end and thus the 
higher frequency limit is shifted upwards. The values for the 
bandwidth of the Foursquare antenna with a tuning plate and 
the Fourpoint antenna with a tuning plate are respectively 60 
% and 87-92 % [2],[4],[5]. 

II. ANTENNA DESIGN 

A top view and a side view of the investigated antenna 
along with the main geometrical parameters are shown in Fig. 

1a and Fig. 1b. Table I contains the values of the main 
antenna dimensions. 

The Foursquare antenna consists of four identical metallic 
squares etched on the top side of a dielectric substrate. In the 
present design a material with a relative permittivity of 3.38 is 
used for this layer. The substrate is positioned over a square 
ground plane at a distance hF. A foam layer is used to support 
the substrate. In another implementation of the antenna the 
foam can be replaced by air and the substrate can be supported 
by dielectric spacers. 

 

 
(a) 

 
(b) 

Fig. 1  Geometry of the investigated Foursquare antenna: a) top 
view; b) side view 

Two of the opposing square patches are directly fed with 
equal amplitude and opposite phase. Thus the surface current 
vectors on the two patches have the same directions. The 
feeding system of the antenna consists of two identical coaxial 
lines. They pass through the ground plane and the foam layer 
and reach the bottom surface of the dielectric substrate. There 
the outer conductors of the cables are soldered together. This 
ensures balanced feeding of the radiating elements. The inner 
conductors of the coaxial lines pass through the substrate and 
are soldered to the metallic squares on its top side. The other 
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two metallic squares are parasitic elements. They are excited 
through a capacitive coupling to the main patches. 

The antenna structure described above and shown in Fig. 1 
radiates linear polarized field. The E vector is oriented along 
the main diagonal of the Foursquare antenna containing the 
two feed probes. In another implementation where all the four 
metallic patches are fed the antenna is capable of operation 
with dual linear or circular polarization.  

A modification of the typical probe feeding technique is 
applied to the antenna construction in order to achieve a good 
impedance matching in a wide frequency range. Fig. 1a shows 
two incomplete circular ring slots cut in the two directly fed 
patches around the feed probes. These slots introduce an 
additional inductance to the input reactance since the current 
paths become longer. In this way structures with unwanted 
capacitive input reactance can be balanced and well matched 
to the desired impedance point. 

TABLE I 
GEOMETRICAL DIMENSIONS OF THE FOURSQUARE ANTENNA 

Parameter Symbol Value, mm 

patch length LP 10.5 
substrate length LS 21.8 
distance between patches W 0.3 
distance between probes F 4.3 
substrate thickness hS 0.81 
foam thickness hF 6.4 
ground plane length LG 50 

III. ANTENNA PERFORMANCE 

The antenna geometry shown in Fig. 1 with dimensions 
listed in Table I is modeled with commercial software. Ansoft 
HFSS is used for the purpose. This is a precise 
electromagnetic simulator based on the Finite Element 
Method (FEM) and widely used for modeling of different 
microwave structures. 

Fig. 2 presents the Smith chart of the Foursquare antenna. 
There are two curves in the chart, which correspond to the 
cases with and without the incomplete circular ring slots 
around the feed probes. The curve positioned lower in the 
Smith chart corresponds to the case without slots in the main 
patches. It is seen that the loop is off-centered and there is a 
strong capacitive reactance. When the slots are cut around the 
probes they add an inductive reactance in the system and the 
curve shifts upwards. Then the loop is centered very well and 
good matching is achieved. It is seen that better matching can 
be achieved for frequencies near the bandwidth limits - if the 
impedance curve is tightened closely to the loop in the center 
of the chart. This can be realized if an additional optimization 
is applied to the antenna construction. 

The return loss S11 of the Foursquare antenna is shown in 
Fig. 3. It is below -10 dB in the frequency range 3.5 – 9.9 
GHz. This corresponds to a percent bandwidth of 95 %. This 
is a very wide impedance bandwidth better than the reported 
values for the typical Foursquare and Fourpoint antennas. The 
investigated antenna shows great improvement over the 

Foursquare antenna with a tuning plate and the Fourpoint 
antenna, which have bandwidths below 60 %. It is comparable 
in performance with the Fourpoint antenna with a tuning plate 
(BW=92 %). The Foursquare radiator presented in this paper 
shows even better impedance bandwidth than that optimized 
Fourpoint antenna. 

 

 
Fig. 2  Smith chart of the Foursquare antenna 

 

 
Fig. 3  Return loss of the Foursquare antenna 

Fig. 4a and Fig. 4b present the radiation pattern of the 
antenna in the two main cuts – the E-plane and the H-plane 
respectively – for three frequencies in the operating band: 4, 
6.5, 9 GHz. The E-plane contains the two feed probes and is 
orthogonal to the surfaces of the patches. The H-plane is 
orthogonal both to the patches and the E-plane. 

It is seen that when the frequency increases the E-plane 
pattern becomes wider and the H-plane pattern becomes 
narrower. In the frequency band 3.5-9.5 GHz the half-power 
beam widths in the two principal planes change in the 
following ranges: HPBWE=60°÷120°, HPBWH=92°÷32°. The 
cross-polarization level in the two planes is below -20 dB. 
There is a strong back radiation for frequencies near the low 
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bandwidth limit. This is caused by the electrically small 
ground plane for these frequencies. The main beam of the 
radiation pattern is always at boresight – there is no unwanted 
splitting. 
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(a) 

 
(b) 

Fig. 4  Radiation pattern of the Foursquare antenna for three 
frequencies – 4, 6.5 and 9 GHz: a) E-plane; b) H-plane 

The gain of the Foursquare antenna as a function of 
frequency is shown in Fig. 5. The gain is better than 7 dB in 
the whole operating bandwidth. The gain variation for 
frequencies between 3.5 GHz and 10 GHz is less than 3 dB. 
This is a very useful property of the antenna when a wideband 
operation is required. The maximum gain is 10 dB and it is 
achieved for 8 GHz. The gain bandwidth of the antenna 
defined for a decrease of the gain with no more than 1 dB 

from its maximum value is between 5 GHz and 8.8 GHz or 
this is equal to 50 %.  

 

 
Fig. 5  Gain vs. frequency for the Foursquare antenna  

IV. CONCLUSION 

The paper presents a new design of a Foursquare antenna 
capable of achieving a very wide operating bandwidth. The 
structure is modeled and evaluated with the help of 
commercial software. Graphical results for the return loss, 
input impedance, radiation pattern and gain clarify the antenna 
performance. 

The bandwidth of the investigated Foursquare antenna is 95 
%. This is a considerable improvement over the typical 
Foursquare and Fourpoint antennas (BW<60 %). Only the 
Fourpoint antenna with a tuning plate shows comparable 
results (BW=92 %). It must be noted that the presented 
Foursquare radiator is not an optimum variant of the antenna. 
There are possibilities for improving the antenna operation 
through changing the height of the patches above the ground 
plane, heights of the substrate and the foam layer, the material 
of the substrate, the ground plane size and others. 
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Method for Measuring Parasitic Electromagnetic 
Emissions with Automated System for Measurement 

Management 
Chavdar Levtchev1, Nikolay Stoyanov2 and Georgi Georgiev3 

 
Abstract: In the paper the block scheme of an automated 

system for measurement management with parallel processing 
the information is presented. A methodology for measurements 
and the order for conducting the measurements is described and 
developed. The function of each single measuring equipment is 
explained. The main correlations are given for calculation of 
each component that is part of the information processing 
automated measurement.  Using specially designed software for 
automation of the measurements and parallel info processing 
graphics and diagrams of the measurements conducted are 
shown. 

Keywords: Anechoic Chamber, Automated Measurements, 
Antenna Measurement. 

I. INTRODUCTION 

The measurement of electromagnetic radiations realize by 
using concrete standards. In the last few years the 
measurements are automated. The antennas, the measurement 
instruments, amplifiers and cables are calibrated and 
certificated and their parameters are under permanent 
control [1]. The antenna which we measure put into anechoic 
chamber on a special roll-over-azimuth positioner. The 
measurement is realized outside of anechoic chamber. In this 
work is given short description at automated system of control 
the measurements with parallel computations of the 
information. By using of hundred measurements amplitude-
frequency PC model is made. The model is presented in 
cylindrical coordinate system and shows the space 
propagation of the radiated parasitic waves (interferences). 

II. AUTOMATED SYSTEM OF CONTROL THE 
MEASUREMENTS AND PARALLEL COMPUTATIONS 

OF THE INFORMATION 

In everyone device in which has electrical current is formed 
electromagnetic field – a wave which is propagated inside of 
the device and around him. In some cases the propagation is 
up to hundred meters from the place where the device is. 

If there are a few devices at one place each of them has 
electromagnetic field which interferes and radiate in the 
ambient space. These electromagnetic interferences are 
undirected, they formed accidently, has different intensity and 
they are propagates in the all directions in ambient space with 
different polarization (1). Because of this that the 
interferences are accidently and undesired they are called 
parasitic. Frequently these electromagnetic waves are with 
very high power which is dangerous about human health. 

The block scheme at automated system of control the 
measurements with parallel computations of the information is 
shown at fig.1.The screening of the chamber together with 
microwave absorber can provide suitable environment. This 
type measurement chamber is trying to stimulate the 
conditions of the free space. The screening reduces the noise 
level from the surround area and other external influences. 
The microwave absorbers minimize the unwanted reflected 
waves from the walls which can have influence at the 
measurements. In the practice is comparatively easily by 
screening to be reached high levels of attenuation (from 80 dB 
to 140 dB) at the interferences in the surrounding area which 
usually makes these interferences negligible[1,5]. The special 
roll-over-azimuth positioner is able to rotate at 360° in 
horizontal plane and can be used for supporting at the tested 
antenna on a suitable high, in this case 0.80 m over the floor.    
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Fig.1 Block scheme at automated system of control the 
measurements 

Inside of the anechoic chamber on a roll-over-azimuth 
positioner the measurement antenna is put. In the chamber is 
mounting a measurement antenna over control mast which 
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allows changing the polarization. The control of the roll-over-
azimuth positioner and the mast realized by helping of 
positioner-controller which one is controlled by a computer. 
The connection between positioner and the mast realizes by 
optic cables which ones together with antenna RF cables go 
out and go into the camera through a special panel with 
suitable couplings. Special software for control and treatment 
of the results is developed and introduced for this whole 
measurement process. A software fragment which control the 
positioner is shown at fig. 2. 

Fig. 2 Positioner Panel 

Another basic element of measurement process is the 
measurement antenna. The antenna must be calibrated 
standard antenna with parameters – gain (G), antenna factor 
(AF), voltage state wave ratio (VSWR) and diagram pattern. 
A short description of developed methods of measurement at 
electromagnetic radiation in anechoic chamber is shown in 
fig. 3. 

 
 
 
 
 
 
 
 
 
 
 
 
 

Fig.3 Comparison between the antennas 
 

C-LL G 21aut += ,                             (3) 

where Gaut is the gain of the measurement antenna (dBi), L1 – 
measured level of the received signal from the AUT (dB), L2 
– measured level of the received signal from etalon antenna 
(dB), C –gain of the etalon antenna (dBi). 
The antenna factor [1, 2] is related with the gain of the 
antenna 

8.29log20 −−= GFAF ,      (1) 

where:  
mdBAF /,  is the antenna factor 

MHzF ,  - received frequency; 
dBG,   - antenna gain 

This formula can be used for 50 Ω resistivity of the fider 
only. The “standard antenna method” is applying when the 
antenna factor is unknown or control check of the antenna. 
When the antenna gain is known it is easy to compute the 
antenna factor. Another basic antenna parameter is VSWR. It 
is necessary to by measured VSWR because it is connected 
with mishmash losses in the receiver input RETURN LOSS 
(RL). 
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VSWR must be measured at the cables and the amplifiers 

which are used in the measurement because there are losses 
from mish-mash. The attenuation losses in the cables and 
preamplifiers gain are measured also. All these measurements 
are made with the VNA (vector network analyzer) which give 
a chance to be measured the amplitude, the frequency and the 
phase of the different parameters at the measurement 
antennas. The mentioned above antenna parameters, 
amplifiers and cables are include in the computation algorithm 
about measured electromagnetic radiations. Periodically is 
necessary to make an examination at diagram pattern of 
measurement antennas. This examination can be made in the 
anechoic chamber where at the place of measurement antenna 
is put an etalon antenna for the necessary frequency diapason. 
The roll-over-azimuth positioner is rotating with fixed step up 
to 360°[7]. The measurement is automated and special 
software is developed.Fig.4. 

 Standard Antenna

Spectral
Analyzer  

  
 
 
 
 
                    
   

 

 

Fig.4  Measured antenna pattern 

The basic part in this system is the receiver. The SA have a 
determine sensitivity which define the general sensitivity at 
the whole system[4]. SA measures the amplitude-frequency 
characteristics at the electromagnetic field. The measurement 
with SA is automated also and a fragment from this software 
is shown at fig. 5.  

Signal 
Generator 

AUT 

381 



 

 

 

 

 

 

 

 

 

 

 

Fig. 5 Spectral Analyzer Panel 

III. METHOD FOR MEASURING PARASITIC 
ELECTROMAGNETIC EMISSIONS WITH AUTOMATED 

SYSTEM FOR MEASUREMENT MANAGEMENT 

A short description of developed methods of measurement 
at electromagnetic radiation in anechoic chamber is shown in 
fig. 6[6]. 

 

 

 

 

 

 

 

 

 

 

 

Fig.6 methods of measurement at electromagnetic radiation in 
anechoic chamber 
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AF, dB/m – antenna factor as frequency function. 
AF is ratio of the electrical field strength of an incident plane 
wave at a specified point of the antenna to the voltage induced 
across a specified load (typically 50 Ω) connected to the 
antenna. Usually, the antenna factor is defined for the plane 
wave incident from the direction corresponding with the 
maximum gain of the antenna [7].  
B, D – are signal correlations due to of the cable loss from 
mishmash and attenuation. 

  
         dBRLdBLdBCL ,,, 111 +=                     (4) 

         dBRLdBLdBCL ,,, 222 +=                    (5) 

C – preamplifier gain as frequency function. 
Е – measured value for a fixed frequency from SA с 

RBW=10 kHz, VBW=3kHz 
The distance between the antenna and device under test 

(DUT) is 1m or 3m, and high of the turn-table above the 
ground plane is 80 cm [2, 3 and 4]. The measurement antenna 
is mounted on rotating mast. The field strength measures for 
both horizontal and vertical polarization. The table rotates 
through 45 degrees. The measurements are in frequency 
diapason 30 MHz – 3 GHz, in depend on processor clock 
frequency.  The measurements make for two highs. It is 
necessary to find the maximal peak value of field strength. 
The method of measurement for one frequency is shown on 
fig. 6.  Usually these measurements conduct for different 
frequency diapasons.     The specialized software is developed 
and used for fast and parallel data acquisition and computing. 
In the developed algorithm are used the antenna parameters 
(VSWR, AF), the cables (attenuation loss and RL) and 
preamplifier (gain). The current limits for EMC standards are 
included also. The data acquisition and computing is in real 
time.  The files from the measurements save in data base for 
everyone user. Software fragment visualizing measurement of 
DUT in frequency band 30MHz – 1GHz is shown on fig 7.   
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Fig. 7  

 
The table rotating in azimuth allows to be finding all 

interferences and to be defining the direction of their 
radiation.  Based on 100 measurements (fig. 8) is made 
amplitude – frequency model of the PC. This model is 
presented in cylindrical coordinate system and shows space 
propagation of the radiated electromagnetic interferences. 
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Fig. 8. Amplitude-frequency model of parasitic 
electromagnetic radiations from a PC. 

IV. CONCLUSION 

Automated control system of measurements and parallel 
computation of the information, which is created, give a 
chance for continuously measurement elaboration.  The 
measurement precision improves and the measurement time 

and the following treatment of the received results reduce. 
This type of work allows receiving enough experimental data 
about aposterior analysis and measurement microwave surface 
waves. 

The accumulated measurement dates and mathematical 
treatments and modeling allow realizing the real action of 
improvement at diagram pattern of the microstrip antennas 
and suppressing of surface waves. 
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Microstrip Antennas with EBG Structures 
Nikolay Stoyanov1, Chavdar Levchev2 and Georgi Georgiev3 

 
Abstract: Investigations of basic characteristics of the antennas 

with EBG structures are made. The impacts of EBG structures 
in patch antenna on antenna pattern and antenna gain is 
analyzed. The obtained results can be used in design and 
investigation of antennas with reduced mutual coupling between 
the elements and back ward radiation.      

Keywords: Microstrip patch antenna, EBG structures, 
Transmition lines, Band-gap. 

I. INTRODUCTION 

Electromagnetic band-gap (EBG) materials also known as 
photonic crystals (PCs) or photonic band-gap (PBG) materials 
are a novel class of artificially fabricated structures which 
have the ability to control and manipulate the propagation of 
electromagnetic (EM) waves [1]. 

The ability of PCs to control the propagation of light has its 
origin in photonic applications. The concept of photonic band 
structure arises in analogy to the concept of electronic band 
structure [2]. Just as electron waves that travel in the periodic 
potential of a crystal are arranged into energy bands separated 
by band-gaps, one expects the analogous phenomenon to 
occur when EM waves propagate in a medium in which the 
dielectric constant varies periodically in space. EBGs are the 
structures which show such a phenomenon, because EBGs 
produce forbidden frequency gaps in which propagation is 
prohibited. 

Electromagnetic band-gap (EBG) structures exhibit unique 
electromagnetic properties that have led to a wide range of 
applications in electromagnetic devices. In this study, 
electromagnetic band-gap structures are utilized to enhance 
the bandwidth of a patch antenna built on a thin substrate and 
backed by a ground plane. It is well known that placing a 
ground plane (a perfect electric conductor) closely behind a 
patch antenna to make the radiation unidirectional severely 
limits the antenna bandwidth. The EBG surface investigated 
for this antenna utilizes a periodic structure of rectangular 
patches. The EBG surface behaves as artificial magnetic 
conductor in the frequency band of operation. The novel 
antenna configuration is investigated theoretically using a full 
wave method of moment solver. Parametric study to 
understand the effect of geometrical and substrate parameters 
on antenna performance is carried out. The design details 
along with simulation and experimental results will be 
presented. 
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2Chavdar P. Levchev is with the Ministry of Interior, Sofia, 
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An important application of planar EBGs is to provide 
magnetic ground planes for electric sources [3]. It is well 
known that magnetic sources radiate well when they are 
located on electric conducting ground planes, where as 
electric sources will be shorted and do not radiate when they 
are located on electric conducting ground planes. Even when 
an electric source is placed slightly above conducting ground 
planes, the bandwidth narrows significantly. This is a 
disadvantage in broadband antennas and in low profile 
antennas backed with a ground plane. 

II. DESIGN OF THE  ANTENNA AND EBG STRUCTURE 

A. Patch Antenna Design  

The first step is the design procedure of patch antenna 
without EBG structures.   

The geometry of the patch antenna is shown in Fig. 1.  
 

 
 
 

Fig. 1. Simulation model to analyze the microstrip antenna 
 
The equations for the design procedure are given in [1] and 

summarized below [4]: 
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where εeff denotes the relative effective dielectric constant, εr 
represents the relative dielectric constant of substrate, h stands 
for the height of dielectric substrate, W is the width of the 
patch, ∆L identifies the length increment, and Leff denotes the 
effective length. 
For efficient radiation, the width W is given by Bahl and 
Bhartia [5] as: 
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where f0 denotes the centre frequency. 

B. EBG Substrate Design 

The basic property of the prototype of periodic structures is 
the usage of additional equivalent resonance circuits in each 
element (fig. 2.). If each microstrip line is examined like an 
equivalent inductance and the distance between them is 
examined like a capacity, it is not hard to see that parallel 
resonance circuits are formed. On the other hand, using the 
upper conception, equivalent transmission line between all 
elements is formed (1).  
 

 

 

 
 
 
 
 
 
 
 

Fig. 1. Equivalent circuits  of the EBG structure by using 
transmission line theory 

 
The formula for the self capacitance can be presented: 
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    where all dimensions are in microns and  

  05.0,ln146.057.0 >−=
h

W
h

WK g
        (7) 

 
The term Kg gives an estimation of the presence of a ground 
plane and decreases as the ground plane is brought nearer. The 
terms W, t, h and l are the line width, line thickness, substrate 
thickness and length of the section, respectively. 

C. Design parameters for EBG structures 

The dielectric material is selected to be FR4. The material 
constant is εr= 4.4, μ = 1, σ = 0. The center frequency for the 

simulations is set at f0 = 15 GHz, which corresponds to a free 
space wavelength λ0 = 20 mm. The wavelength in the 
waveguide is thus λg = λ0/√4.4 = 9.5 mm. The cell size is set 
at Δ = λ0/67 in all of the cases reported below. It is found that 
with this choice the resulting waveguide width d = 0.627λg 
produced desired results nearly centred about f0. More over, 
this discretization value produces very accurate simulation 
results. This waveguide width is slightly larger than half of the 
center wavelength in the dielectric; hence, there should be 
only the fundamental symmetric mode present in the EBG 
structure. The metal rods are taken to be copper, which has the 
material properties ε = ε0 + iσ/ω, where σ = 5.8 × 107 S/m, and 
μ = μ0. Thus, the loss tangent in the metal rods is σ/(ωε0) = 
8.02 × 105. 

III. INVESTIGATION OF MUTUAL COUPLING 
SUPPRESSING OF THE  EBG STRUCTURES  

A. Experimental Model  

It is well known that EBG structure use for suppressing of 
mutual coupling between the patches in microstrip antenna 
arrays. For this reason the above design EBG structures are 
fabricated and measured with Vector Network Analyzer. The 
photo of fabricated model is shown at fig. 3.  
 

Resonator  

 
Fig.3. Experimental model for investigation of the mutual 

coupling between the patches in microstrip antenna array 
 

The dimensions of the microstrip elements 3 х 3 mm, the 
distance between them is 0,3 mm. The diameters of metalized 
vias are 0.8 mm. The fabricated structures are with substrate 
high are h=1 mm and h=1,5 mm. 

B. Experimental Results 

The results from the measurements are shown at fig. 4.      

-90

-80

-70

-60

-50

-40

-30

-20

-10

2 4 6 8 10 12 14 16 18 20

F, GHz

S1
2,

 d
B

-110
-100

-90
-80
-70
-60
-50
-40
-30
-20
-10

0 5 10 15 20

F, GHz

S1
2,

 d
B

a) Magnitude of S12, dB  

≡
LC LR CL ,

RC

RL

Vias 

C L
Δ ′Z

z
C L

Δ
′ z

zL RΔ′

zC R

′Y

z
L L

Δ
′

′ Δ

385



 

 

-180
-140
-100

-60
-20
20
60

100
140
180

2 4 6 8 10 12 14 16 18 20

F, GHz
S

12
 P

ha
se

, d
eg

-180
-140
-100

-60
-20
20
60

100
140
180

0 5 10 15 20

F, GHz

Ph
as

e 
s1

2,
 D

eg
re

e

b) Phase of S12, degree  
 

-2

-1

0

1

2

3

4

2 4 6 8 10 12 14 16 18 20

F, GHz

G
ro

up
 D

el
ay

, n
s

-1

0

1

2

3

2 4 6 8 10 12 14 16 18 20

F, GHz

G
ro

up
 D

el
ay

, n
s

 a)  Magn itu de of  S1 2 , dB 

c) Group delay, ns 

      Fig.4. Experimental results from the fabricated EBG  
 
The received results shows that in the thicker dielectric 

substrates is realized stronger suppressing of the mutual 
coupling between the elements in forbidden frequency band. 
The group delay is equivalent of the velocity at the phase 
variation for fixed frequency. For example in the thicker 
substrate (h = 1.5 mm) for 10 GHz the group delay has both 
values - positive and negative (left-hand materials / right hand 
materials boundary). For the both maximum values have high 
surface impedance. This characteristic of the group delay is 
abnormal and it could not be derived with classical electrical 
filters. This is that because in the EBG structures have a 
specific distribution of the electromagnetic field. High surface 
impedance can be seen in the other structure (h = 1.5 mm) 
above 15 GHz also.           

IV. INVESTIGATION OF THE MICROSTRIP ANTENNA 
WITH EBG SUBSTRATE  

A. Microstrip Antenna with surrounded EBG structure 

In this part is investigated a microstrip antenna with 
surrounded EBG structure (fig. 5). The basic parameters are 
derived from the calculations and simulations in the previous 
parts. The patch antenna is designed for forbidden band of the 
EBG structures.  

The thickness of the substrate is 1 mm with a relative 
permittivity of 4.4. The substrate is backed by a ground plane 
with dimensions of 37 x 37 mm. The patch is probe-fed and 
has dimensions of L = 3.85 mm, W = 4.4 mm. The location of 
the probes is shown in Fig. 1 and Fig. The distance between 
the EBG surface and the patch is 3.36 mm. The voltage 
standing wave ratio (VSWR) of the antenna is compared with 
a normal patch antenna fabricated on the same substrate. 
Conventionality, EBG lattice is placed around the patch 

Researches have verified that EBG structures can still exhibit 
band-gap feature beneath microstrip antenna [6]. The 
dimensions of EBG structures are the same like the measured 
structures in the previous parts for h=1 mm.  

 

 
 

Fig.5. Simulation model to analyze the microstrip antenna with band-

B. Radiation Pattern 

The method of moment is applied to simulate the antenna 
pr

e EBG 

a) 

gap structure 

operties. The EBG lattice beneath the patch caused a shift in 
the resonant frequency of the antenna, as shown in Fig. 6. 
This change in the resonant frequency can be adjusted by 
elevating the patch and leaving a larger gap between the 
antenna and the EBG surface. 
Fig. 6 shows the E- and H-plane radiation patterns of th
patch and the reference patch without EBG (fig.1). The 
patterns are normalized to the maximum radiation of 
respective antennas. By applying the EEG structure, the gain 
of the patch is increased from 6.52 dB to 7.05 dB, and the 
radiation pattern of the E-plane is improved. In the E-plane 
pattern, first, side lobs is reduced by 2.16dB and the main-side 
lobe ratio is increased by 2.69dB. This phenomenon is not 
distinct in case of H-plane patterns since no surface wave is 
excited and propagates in that direction. Nevertheless, both 
Fig. 6(a) and (b) show the decrease of the back radiation due 
to the presence of the EBG structures. An enhancement of 
4.62dB in the front-to-back ratio is observed.  

 
 Without EBG With EBG 
 
 
 
 
 
 
 
 
 
 
 
 
 

antenna in coplanar position to suppress the surface wave. 
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b) 

Fig. 6. Radiation pattern of the patch antenna with and without EBG 
(a) E-pane (b) H-plane 

V. CONCLUSION 

The existence of the EBG structure has some effects on the 
input matches of the antenna, resulting in the frequency shift. 
Generally, the coplanar placement of EBG lattice will cause 
the antenna to work on a higher frequency. This phenomenon 
has been observed in the literature [1]-[3]. However, the 

measurement results depicted in Fig. 6 show a descent in the 
operational frequency with stacked EBG utilization. This is 
probably due to another effect of the EBG structure, namely 
parasitic loading. In the usual case of coplanar placement the 
band-gap feature plays a dominant role and the parasitic 
loading is insignificant. While inserting the EBG lattice 
beneath the patch, the parasitic loading becomes more distinct 
and lowers the operational frequency.  
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Analysis of Smart Antennas with URA Based on Half -
Wavelength Dipoles - Simple DOA and ABF Methods 

Viara Y. Vassileva 1, Sava V. Savov 2, Miroslava G. Doneva 3 

Abstract – In this paper, the principles of uniform rectangular 
array (URA) based on narrowband radio-frequency signals are 
introduced. An URA is composed of a number of uniformly 
distributed identical half-wavelength dipoles. Limited numerical 
examples and simulation results are presented to illustrate the 
direction of arrival (DOA) and adaptive beamforming (ABF) 
methods. 

 
Keywords – smart antennas, uniform rectangular array, 

direction of arrival, adaptive beamforming. 

I. INTRODUCTION 

Smart antennas have undergone enormous growth and 
become popular during the recent years. The central idea of 
smart antennas is spatial processing. Deployed at the base 
station of the existing infrastructure, adaptive arrays with an 
appropriate configuration can provide a substantial capacity 
improvement in the frequency-resource-limited radio-
communication system by an efficient frequency-reuse 
scheme. 

 The investigation of smart antennas suitable for wireless 
communication systems has involved primary uniform linear 
arrays (ULA) and uniform rectangular arrays (URA). ULA 
lack the ability to scan in 3-D space, and it is necessary for 
wireless devices to scan the main beam in any direction of 
elevation and azimuth, the URA is more attractive for mobile 
communications. 

The DOA estimation involves a correlation analysis 
followed by signal/noise subspace formation and 
eigenstructure analysis. For the significant improvement in 
smart antenna resolution the 2-D unitary ESPRIT method is 
considered [1]. One of the most popular reference-based 
methods applicable to URA is the classical least mean squares 
(LMS) algorithm [2], [3]. 

 

 

 

 

 

 

II. SMART ANTENNA WITH UNIFORM 
RECTANGULAR  ARRAY STRUCTURE 

The URA consisting N x M equally distributed identical 
half-wavelength dipoles (M, N – even), as illustrated in Fig. 1 
is located symmetrical in x-y plane. 

Let us assume that an incoming narrowband signal (plane 
wave with wavelength λ ) arrives at the array from elevation 
angle θ  and azimuth angleφ . The origin of coordinate 
system is located at the center of the array. 

As demonstrated in Fig. 1, the array factor (AF) of URA 
with its maximum along 0θ , 0φ  is given by [3] 

( )[ ] ( )[ ] ( )[ ]∑ −−∑=φθ
==

2/N

1n
mn

2/M

1m
MxN v1n2cosu1m2cosA4,AF    (1) 
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( )00
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π
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λ
π

=                 (3) 

where Amn is the amplitude excitation of the individual 
element, and dx, dy are the interelement spacing along the x-
axis and the y-axis, respectively. 
 

 
 

Fig. 1. Geometry of (N x M) - element URA, along with an incoming 
plane wave. 
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III. DIRECTION OF ARRIVAL ESTIMATION 

After that the URA receives all incoming signals from 
directions of arrival, the DOA algorithm determines the 
directions of these signals based on the time delays. Let us 
assume that a narrowband plane wave impinges at an angle 
( )φθ ,  on the URA. It produces time delays relative to the 
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other array elements. These time delays depend on array 
geometry, number of elements, and interelement spacing. 

For the URA of Fig. 1, the time delay of the narrowband 
signal at the (m, n)th element with respect to the origin, is 
written as [4] 

 

c
ndmd yx

mn

φθφθ
τ

sinsincossin +
=            (4) 

 
where  c is speed of light in free space. 

Two algorithms that fall into subspace-based method 
category for the azimuth and elevation estimation are MUSIC 
(Multiple Signal Classification) and ESPRIT (Estimation of 
Signal Parameters via Rotational Invariance Technique). In 
the paper the latter one is presented and used. 

 
A. Classical ESPRIT – advantages in comparison with 

MUSIC 
 
Classical ESPRIT is a robust method that exploits subarray 

structure for DOA estimation [3]. ESPRIT has become the 
method of choice because it has ability to offer a number of 
advantages over MUSIC, such as: a) does not require 
calibration of the antenna array; b) computationally less 
intensive and more efficient; c) does not involve search 
through all possible steering vectors to estimate the DOA. 

 
B. 2-D Unitary ESPRIT algorithm for DOA estimation 

 
The 2-D unitary ESPRIT algorithm is unique different from 
the classical ESPRIT, first of them provides closed-form 
automatically paired two dimensional estimation as long as 
the elevation and azimuth of each narrowband signal arrives at 
the URA [1]. This method provides closed form 2-D angle 
estimation in real time. This method gives several advantages 
in comparison with classical ESPRIT, such as: a) reduced 
computational complexity; b) lower SNR (signal-to-noise 
ratio) resolution thresholds; c) very accurate finds 
simultaneously both the elevation and azimuth angles of 
arrival for impinging signals at the antenna array. 

IV. ADAPTIVE BEAMFORMIG ESTIMATION 

Two classes of adaptive beamforming (ABF) algorithms are 
represented in literature : 1) DOA-based adaptive beamformig 
algorithms that utilizes information for angles of arrival of 
incoming signals to ideally steer the maximum of the antenna 
radiation pattern toward the desired signal and place nulls 
toward the unwanted signals or interferences; 2) reference-
based ABF algorithms does not need DOA information but 
instead uses the reference signal to adjust weights of 
correlation array matrix to match the created time delays. In 
this section, we consider one of the most popular reference-
based ABF algorithms - least mean squares (LMS) algorithm 
that uses previous samples when estimating the gradient at the 
nth iteration. 

The LMS algorithm is applicable mainly when weights are 
updated utilizing reference signal. This algorithm uses an 

estimator of the gradient instead of the real value of the 
gradient because the real value estimation requires DOA 
information. 

The expression of optimal weights for half-wavelength 
dipoles is given by [5], [6], [7] 

 
     ( ) ( ) (( )nnn wgw1w μ−=+ )                    (5) 
 

where ( )1+nw  denotes a new computed weights vector at the 
(n+1)th iteration, μ  is the gradient step size, and the                
array output is given by 
 

 ( )( ) ( ) ( 1+= nnny H xww )                    (6) 
 

where ( )1+nx  is array signal vector computed at the (n+1)th 
iteration, and ( )( )nwy  is output signal. 

In its standard form it uses an estimate of the gradient by 
replacing array correlation matrix R and correlation between 
array signals and reference signal r by their noisy estimates at 
the (n+1)th iteration [5] 

 
      ( )( ) ( ) ( ) ( ) ( ) ( )1nr1n2n1n1n2n H ++−++= *xwxxwg     (7) 
 where g is the gradient vector. 

The error between array output and the reference signal is 
given by [5] 

 
         ( )( ) ( ) ( ) ( 11 +−+= nnnrn H xwwε )            (8) 

and 
         ( )( ) ( ) (( )nnn wxwg *12 ε+−= )           (9) 
 

The estimated gradient is a product of the error between the 
reference signal and the output of the array and the signals 
after the nth iteration. 

This algorithm provides several advantages: the gradient 
estimate is unbiased, and the low complexity. 

V. NUMERICAL EXAMPLES AND SIMULATION 
RESULTS 

We investigate the DOA estimation under the conditions of 
a URA structure with half-wavelength dipoles. The 2-D 
unitary ESPRIT method is used to perform the estimation [1]. 
The signal of interest (SOI) impinges from 
( ), while the three signals not of interest 

(SNOI) are directed from ( ), 

( ), and ( ). Simulations 
were conducted employing: a) a N=6, M=6 elements uniform 
rectangular array with 

00 100,50 == φθ

00 95,45 == φθ

00 105,55 == φθ
095=φ0 ,55=θ

λ5.0== ydxd ; b) a N=8, M=8 

elements uniform rectangular array with λ5.0== yx dd ; c) 
a N=8, M=6 elements uniform rectangular array with 

λ5.0== yx dd . The URA is examined in the presence of 
the Additive White Gaussian Noise (AWGN) with the zero 
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mean, and variance 0.1. The results demonstrate its great 
performance, accurate estimation ability, and robustness. 

 
TABLE I 

THE DOA ESTIMATIONS OBTAINED UTILIZING 2-D UNITARY ESPRIT 

 Case 1 Case 2 Case 3 
Number of 
elements M=6 ,N=6 M=8, N=8 M=6, N=8 

Interelement 
spacing 0.5λ 0.5λ 0.5λ 

Number of 
incoming 
signals 

1 1 1 

Number of 
data 

samples 
2000 2000 2000 

Actual 

SOI θ1=500, 
φ1=1000 

θ1=500, 
φ1=1000 

θ1=500, 
φ1=1000 

SNOI 1 θ 2=550, 
φ2=1050 

θ 2=550, 
φ2=1050 

θ 2=550, 
φ2=1050 

SNOI 2 θ 3=450, 
φ3=950 

θ 3=450, 
φ3=950 

θ 3=450, 
φ3=950 

SNOI 3 θ 4=550, 
φ4=950 

θ 4=550, 
φ4=950 

θ 4=550, 
φ4=950 

DOA Estimations 

SOI θ1=50.0210, 
φ1=100.0530 

θ1=49.9920, 
φ1=99.9940 

θ1=49.9990, 
φ1=100.0300 

SNOI 1 θ2=55.0570, 
φ2=105.0470 

θ2=54.9940, 
φ2=104.9930 

θ2=55.0010, 
φ2=104.9670 

SNOI 2 θ3=44.9700, 
φ3=94.9640 

θ3=44.9810, 
φ3=94.9960 

θ3=45.0010, 
φ3=94.9990 

SNOI 3 θ4=55.0210, 
φ4=94.9710 

θ4=54.9900, 
φ4=94.9980 

θ4=55.0030, 
φ4=94.9660 

 
Simulation results, utilizing the LMS algorithm gave 

precise results when adapt the beamforming pattern. To 
illustrate the ABF algorithm applicability for URA with half-
wavelength dipoles, we considered the three cases where LMS 
algorithm is used: a) a N=6, M=6 elements uniform 
rectangular array and interelement spacing λ5.0== yx dd ; 
b) a N=8, M=8 elements uniform rectangular array and 
interelement spacing λ5.0== yx dd ; c) a N=8, M=6 
elements uniform rectangular array and interelement spacing 

λ5.0== yx dd

75=θ

. The results from simulations are depicted in 
figures. The URA is examined about following scenario: the 
signal of interest (SOI) impinges from ( , ) 
in the presence of the signal not of interest (SNOI) from 
direction ( , ), and Additive White Gaussian 
Noise (AWGN) with the zero mean, and variance 0.1. All 
simulation results are based on 100 times Monte Carlo 
simulations. A stepsize μ = 0.001 and a signal is with uncoded 
BPSK modulation are used in the numerical examples to 
simplify the simulations. Figures illustrate the resulting 
beamforming pattern with respect to . The results 

demonstrate its great performance, and accurate estimation 
ability. 
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Fig. 2. The beamforming pattern of the URA with N=6 and M=6 

elements. 
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Fig. 3. The beamforming pattern of the URA with N=8 and M=8 

elements. 
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Fig. 4. The beamforming pattern of the URA with N=8 and M=6 

elements. 
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VI. CONCLUSION 

This paper investigated uniform rectangular smart antennas 
with half-wavelength dipoles. Two main issues: estimation of 
direction of arrival (DOA) and adaptive beamforming (ABF) 
were examined. The main approach to DOA here was the 
algorithm 2-D unitary ESPRIT. The technique for ABF used 
here was the LMS algorithm. The URA antennas were 
exploited in order to obtain more efficient method for a 
calculation of accurate eigenvalues. Matlab programs are used 
for simulations. 

The 2-D unitary ESPRIT is a method that provides closed-
form automatically-paired source azimuth and elevation 
estimates. These results are proved to be accurate enough. 

Concerning beamforming the URA has shown to be 
accurate and stable enough regarding both: desired signal 
(maximum) and interfering signals (deep nulls). The figures 
have shown that the adaptive array puts the maximum of the 
beamforming pattern to the SOI and at the same time – deep 
nulls towards the SNOIs. 

Numerical examples and simulation results have illustrated 
that the optimal scenario for the antenna geometry is URA 
with M=N=6 elements, because the DOA and ABF 
estimations are proved to be accurate and stable enough, and 
the ability of the smart antenna to reject SNOIs is affected by 
the size and geometry of the antenna array. Using a larger 
URA may even make the smart antenna costly and impractical 
to realize. Consequently, it is observed that the designs of the 
smart antenna impact on the overall wireless communication 
network efficiency. 
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Hybrid Empirical-Neural Model of the Influence of 
Foliage Areas on EM Propagation in Urban Environment 

Zoran Stanković1, Marija Milijić1, Bratislav Milovanović1, Aleksandar Marinčić2 

Abstract –The paper presents a hybrid empirical neural (HEN) 
model for prediction electric field strength of RF transmitter in 
frequency range 150-1500 MHz in urban environment. The 
model is based on connection between Okamura-Hata model and 
artificial neural network. Besides antenna frequency, transmitter 
antenna height, distance between antenna and receiver, the 
proposed HEN model considers both characteristics of foliage 
areas and characteristics of buildings in urban environment that 
EM wave goes throughout to predict electric field strength. 

 
Keywords – EM propagation, artificial neural network, 

Okamura-Hata model. 

I. INTRODUCTION 

Considerable interest has been shown recently in the 
development of efficient model for electric (E) field level 
prediction. For many purposes, such as modeling of up-to-
date wireless communication system, it is very important to 
predict accurately the coverage area provided by a given 
transmitting station. A propagation of EM wave is influenced 
by a large number of global and local parameters, such as 
relief, objects in the line of sight, clime area, atmosphere 
refraction index, multiple paths propagation, etc. The methods 
that are being used for the prediction of E field strength, 
whatever they are empirical, semi-empirical or static, do not 
take all of these parameters into account and have limitation 
in usage areas or accuracy due to done approximations.  

The use of artificial neural networks [1,2] for the 
electromagnetic waves propagation modeling is a convenient 
alternative to previous models, which often do not provide 
adequate results from the aspect of calculation time and 
accuracy. Neural network can be more accurate and faster 
then empirical and approximated models [3-8] because of two 
its important advantages. The first is neural network 
architecture which is consisted of connected small processing 
units (neurons). In this way, neural network can be used for 
modeling high-distributed and high-parallel problems. The 
second is neural network ability to learn function dependence 
on the basis of solved examples rather then to learn to execute 
some well known function dependence. After successful 
learning process of neural network, it can be used not only for 
known examples but also for unknown examples. This ability 
is called generalization and it enables E field level prediction 
in points when measured data do not exist. But, the main  
 
1Zoran Stanković, Marija Milijić, Bratislav Milovanović are with the 
Faculty of Electronic Engineering, Aleksandra Medvedeva 14, Niš, 
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batam@pogled.net 
2 Aleksandar Marinčić  is with the Serbian Academy of Science and 
Art, Belgrade, Serbia,  
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disadvantage of MLP models is a need for providing a large 
set of training data, which could be difficult and time-
consuming process [4-6]. Hybrid Empirical-Neural (HEN) 
model for E field level prediction, which incorporates 
Okamura-Hata model as empirical knowledge, needs smaller 
set of training data then MLP model for achieving satisfying 
model accuracy.  

Measured results from ITU-R P.1546 Recommendation 
[9] have been used for developing HEN model for transmitter 
E field level prediction. These values have been modified 
using statistic formulas due to influence of buildings and 
foliage areas in urban environment. EM wave is attenuated 
during its propagation thought urban environment by foliage 
areas objects (threes, plants, etc.) and by buildings that can be 
located at propagation path. If propagation area parameters are 
considered, the neural model for E field level prediction will 
be more accurate. Calculating attenuation of partial foliage 
area and partial building clutter, the prediction EM wave loss 
is more efficient due to real propagation area parameters have 
been taken into account.  

II. HYBRID MODEL FOR E FIELD LEVEL 
PREDICTION IN URBAN AREAS 

Hybrid models for model for E field level prediction in 
urban areas is a combination of an empirical model and a 
multilayered perceptron network (MLP) [3,7,8], which 
upgrades the empirical model. Such model is formed in two 
phases. In the first phase, the empirical model of the 
propagation area is realized using Okamura-Hata model. 
Following extensive measurements of urban and suburban 
radio propagation losses, Okumura published many empirical 
curves useful for cellular systems planning. These empirical 
curves were subsequently reduced to a convenient set of 
formulas known as the Hata model that are widely used in the 
industry. According to this model, the median propagation 
loss Ae for longer distances in urban environment (expressed 
in dB) has a linear and a logarithmic component, as shown in 
equation (1) [10] 
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where htef (30 -200 m) and href (1 – 10 m) are base station and 
mobile antenna heights in meters, respectively, d (1 – 200 km) 
is the link distance in kilometers, and f (150-1500 MHz) is the 
centre frequency in megahertz. The term g(href) is an antenna 
height-gain correction factor that depends upon the 
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environment. It is given for small and medium cities (cities 
whose buildings height is not bigger then 15 m) by equation 
(2): 
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and for big cities (cities whose buildings height is bigger then 
15 m) when f>300 MHz by equation (3): 

97.4)75.11(log2.3])[( 2
10 −⋅⋅= refref hmhg   (3) 

and when f≤300 MHz by equation (4): 

1.1)54.1(log29.8])[( 2
10 −⋅⋅= refref hmhg   (4) 

The factor b represents extension of Okumura-Hata model to 
longer distances. It equals 1 for smaller distances, but it is 
calculated by equation (5) for longer distances: 
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In the second phase, a MLP network and the empirical 

model are integrated (as shown in Fig. 1). Due to href mobile 
station height is 1.5 m, the MLP network in the hybrid model 
models the function: 

),,,,,,,( bgggetefMLP hhrpEdhffE =  (7) 

The inputs of the MLP network are centre frequency in 
megahertz f, distance between transmitter and receiver in 
kilometers d, htef base station height in meters, the Ee field 
level which is calculated by Okamura-Hata model, percentage 
of foliage areas in the propagation path pg, distance between 
foliage areas and transmitter in percentages rg, average height 
of foliage areas objects in meters hg and average height of 

buildings in urban environment in meters hb. The output of the 
MLP network is predicted E field level in dB (μV/m). 

The neural network has eight neurons in the input layer, 
one neuron in the output layer and two hidden layers of 
neurons. The activation functions of the hidden layers are 
sigmoid, while the neurons of the output layers have linear 
activation functions.  The neural networks were trained using 
Levenberg-Marquardt method with 10-4 performance goal. 
The notation of HEN models is Hn-l1-l2-…-ln-2 where n 
represents layer number in the MLP part, and l1-l2-…-ln-2 are 
the numbers of neurons of each hidden layer. 

The measurements of electric field strength, necessary for 
the training and testing of the neural networks, were obtained 
from ITU-R P.1546 recommendation, corrected using statistic 
formulas [11,12] and satisfied 50 % location and 50 % time. 
The training set contained 35113 samples whit following 
range of input parameters: 150 MHz≤f≤1500 MHz, 37.5 
m≤htef≤ 200 m, 1 km≤d≤15 km, 5%≤pg≤90%, 5%≤rg≤(1-pg), 1 
m≤hg≤20 m and 5m≤hb≤60m. 

III. TESTING RESULTS 

The testing set contained 7318 samples that are not used in 
training process. Testing results of successfully trained neural 
networks are presented in the Table I together with the 
average test error (ATE), the worst case error (WCE) and the 
Pearson Product-Moment correlation coefficient (rPPM). The 
minimum of the average test error was the basic criterion for 
selection of the best MLP network of HEN model. Selected 
neural model is HEN4-15-11. 

IV. SIMULATION RESULTS 

The hybrid empirical-neural model HEN4-15-11 is 
employed for the simulation of the electric field strength level 
depending on centre frequency f, distance between transmitter 
and receiver d, base station height htef, percentage of foliage 
areas in the propagation path pg, distance between foliage 
areas and transmitter rg, average height of foliage areas 
objects hg and average height of buildings in urban 
environment hb. Propagation curves of dependence of E field 
strength on percentage of foliage areas in the propagation path 
pg for several values of distance d between receiver and  
 

Fig. 1 Hybrid-empirical model for E filed level prediction in urban 
area 

TABLE I TESTING RESULTS 

HEN model WCE[%] ACE[%] rppm 
HEN4-15-11 8.6338  1.2305 0.9975 
HEN4-12-11 13.5397  2.2277 0.9935 
HEN4-10-10 14.5830 2.8001 0.9879 
HEN4-12-12 13.5390 2.8376 0.9903 
HEN4-14-11 9.6935  2.8757 0.9882 
HEN4-9-9 10.8844 3.2997 0.9900 
HEN4-17-11 16.6155  3.4473 0.9813 
HEN4-5-3 16.5172  3.4490 0.9838 
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Fig. 2 Electric field strength vs. percentage of foliage areas in the 

propagation path pg for different values distance d between receiver 
and transmitter 

 
Fig. 3 Electric field strength vs. average height of buildings in urban 
environment hb for different values distance d between receiver and 

transmitter 
 

transmitter, generated by selected HEN4-15-11 model, are 
presented in Fig. 2, together with measured values obtained 
from the ITU-R P. 1546 Recommendation [10]. It is obvious 
that modeled curves are very close to the referent values, 
which emphasizes high accuracy of the neural network. 

Similarly, the Fig. 3 represents E field strength versus 
average height of buildings in urban environment hb for 
different values distance d between receiver and transmitter. It 
could be seen that measured values [10] and values obtained 
by the hybrid model are in good agreement and for this reason 
the use of hybrid-empirical model is quite reasonable. 

Fig. 4 is three-dimensional presentation E field strength 
versus percentage of foliage areas in the propagation path pg  
and frequency f. If we use HEN simulation to obtain 336 
values of E field strength representing in Fig.4 we will finish 
 

 
Fig. 4 Electric field strength vs. percentage of foliage areas in the 

propagation path pg and frequency f 
 

 
Fig. 5 Electric field strength vs. average height of buildings in urban 

environment hb and frequency f 

 
simulation process for less then 5 seconds. If we want to 
measure on 336 different locations, we need significantly 
more time. For these reasons, HEN simulation is good 
alternative in applications where simulation results have to be 
finished in certain period of time. The same conclusion is 
reached from Fig. 5 where 200 values of E field strength 
versus average height of buildings in urban environment hb 
and frequency f are presented. 

V. CONCLUSION 

Qualitative analysis of transmitter antenna work in up-to-
date broadcasting systems requires accurate E field level 
prediction. Neural model of EM propagation can be good 
alternative of previous used empirical and semi-empirical 
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models that are based on many approximations and that do not 
considere propagation area characteristicas. Also, when the set 
of training data is smaller or when the model accuracy needs 
to increase, the best choise is hybrid empirical neural 
modeling.  

Considering attenuation by foliage areas objects (threes, 
plants, etc.) and by buildings that can be located at 
propagation path, E field level prediction is more accurate and 
efficient. Proposed HEN model was trained using measured 
results from Recommendation ITU-R P. 1546 [10], but its 
main advantage is that it does not depend on training set 
values. It can be trained using real measured values from 
urban environment in our country, what will be plan of 
fallowing research of this group of authors.  

REFERENCES 

[1] S. Haykin, Neural Networks, New York, IEEE, 1994. 
[2] J. Hertz, A. Krogh and R. Palmer, Introduction to the Theory of 

Neural Computation, Addison-Wesley, 1991. 
[3] Zoran Stanković, Bratislav Milovanović, Marija Veljković, 

Anđelija Đorđević, “The Hybrid Empirical Model for the 
Electromagnetic Field Level Prediction in Urban Environments“ 
NEUREL 2004 Conference Proceedings, Beograd, Serbia, 
2004. 

[4] Bratislav Milovanović, Zoran Stanković, Marija Milijić, 
“Neuronski modeli za predikciju nivoa elektromagnetnog polja 

u urbanoj sredini”, TELFOR 2005 Conference, Beograd, Serbia 
and Montenegro, November 22-24., 2005.  

[5] Bratislav Milovanović, Zoran Stanković, Marija Milijić, 
"Efficient Electromagnetic Field Level Prediction using Neural 
Models", Emerging Technologies, Robotics and Control 
Systems, International Society For Advanced Research, 2007, 
Italy, pp. 89-95.  

[6] Bratislav Milovanović, Zoran Stanković, Marija Milijić, 
“Predikcija nivoa elektromagnetnog polja korišćenjem 
neuronskog modela zasnovanog na ITU-R P.1546 preporuci”, 
ETRAN 2007 Conference, Igalo, Montenegro, June 5-8., 2007.  

[7] Bratislav Milovanović, Zoran Stanković, Marija Milijić, Maja 
Sarevska, "Near-Earth Propagation Loss Prediction in Open 
Rural Environment using Hybrid Empirical Neural Model ", 
TELSIKS 2007 Conference, Niš, Serbia, 26-28. September, 
2007., pp. 423-426. 

[8] Marija Milijić, Bratislav Milovanović, Zoran Stanković, 
“Modelovanje prostiranja EM talasa u urbanoj sredini 
korišćenjem hibridnog empirijsko-neuronskog pristupa”, 
TELFOR 2007 Conference, Beograd, Serbia, 20-22. November 
2007. 

[9] Recommendation  ITU-R  P. 1546 
[10] J.S. Seybold, Introduction to Rf propagation, John Wiley & 

Sons, Inc., 1958 
[11] Recommendation ITU-R P. 833 
[12] Recommendation ITU-R P. 526 
 

 



 



 
 
 
 
 
 
 
 
 

Session COS: 
 
 

 
 
 
 

COMPUTER SYSTEMS 



 



 

CDMA Coded Wrapper-Based SoC Interconnect  
Tatjana R. Nikolić1 and Mile K. Stojčev1 

Abstract – An efficient technique for realization of on- and off-
chip system bus based on wrapper technology and CDMA 
techniques is proposed in this paper. It is intended to achieve an 
efficient data transfer among IP cores in System-on-Chip, SoC, 
and among chips on circuit boards. The main benefits of using 
this technique relate to decreasing the number of wires on system 
bus which varies from 25% up to 81%, while the main 
disadvantage deals with increasing the latency of Read and Write 
processor cycles. The system throughput depends on bus width, 
and its min value is 179 Mbps and max 2.783 Gbps. The 
proposed solution is implemented on FPGA circuit from Xilinx 
Spartan 3e series. 
 

Keywords – System-on-Chip, CDMA technique, Wrapper. 

I. INTRODUCTION 

Current VLSI design trends are shifting toward the System-
on-Chip (SoC), or a single die incorporating several 
homogeneous or heterogeneous Intellectual Property (IP) 
cores. The communication sub-system used to connect IP 
blocks becomes one of the major bottlenecks for future SOC 
and has a significant, even a dominating, effect on the 
performance of a device, and therefore represents a key 
component to be investigated during architecture definition 
and tuning [1]. 

The communication architecture for SOC should be able to 
transport the heterogeneous traffic efficiently while still 
maintaining the required performance. In general, 
communication architectures can be categorized into three 
main classes: point-to-point interconnect, bus, and network-
on-chip [2]. There is no standard solution as to establishing a 
fast, flexible, efficient and easy-to-design communication 
network to connect a large number of IP cores that have 
heterogeneous requirements. Current techniques to reuse the 
scarce interconnection resources at the physical level can be 
categorized into several schemes, time-division, code-
division, frequency-division, and their combinations. In a 
time-division scheme, the interconnect resources are shared in 
the time domain. Arbitration and control of the interconnects 
are also made based on timing information of the 
communication modules. In contrast to the time-division 
schemes, code division schemes expend the resources in the 
code-space domain, while control of the channel access is also 
being made on code-space domain. Most of interconnect 
networks in modern SOC rely on busses, which apply time-
division multiple access (TDMA) to reuse expensive on-chip 
wires, e.g. the AMBA bus, Core Connect etc. Code-division 

multiple access (CDMA) has recently been proposed as a new 
interconnect mechanism for next generation systems [3] - [5].  

In this paper, we focus on code-division scheme and we 
introduce a CDMA coded wrapper based system bus as an 
interconnect within SoC. We also give the structure of a 
wrapper logic and discuss the benefits and drawbacks of the 
proposed solution. In general, by using this technique the 
number of wire on system bus is decreased in average for 
50%, while the main disadvantage deals with increasing the 
latency of Read and Write processor cycles.   

II. TAXONOMY OF ON-CHIP COMMUNICATION  

According to the used taxonomy on-chip communication 
architectures, see Fig. 1, can be divided into the following 
three main classes [2]:  

a) Point-to-point interconnect - pairs of processing units 
communicate directly over dedicated physically wired 
connections. Because of its simplicity, this architecture has 
been widely adopted in many applications. Custom 
interconnect, sometimes referred as ad-hoc interconnect, is 
simply connecting processing elements by wires when there is 
a necessity. On the other hand, uniform interconnect often has 
well defined interconnect topology, which can be precisely 
specified by equations or graphs [6].  

b) Bus architectures - long wires are grouped together to 
form a single physical communication channel, which is 
shared among different logical channels. An arbitration 
mechanism is used to control sharing of the bus. A 
hierarchical shared bus defines a segmented bus architecture. 
Bus segments are connected via a bridge, which may buffer 
data. An alternative approach is to use a split-bus. This refers 
to a set of custom-design segmented buses. Bus segments can 
be interconnected in an ad-hoc manner, or based on a 
systematic approach [7].  

c) Network-on-Chip (NoC) - is an architecture inspired by 
data communication networks, such as LANs and WANs, 
with inter-processor communication supported by a packet 
switched network. The basic concept of NoC is to 
communicate across the chip in the same way that messages 
are transmitted over the Internet today. Communication is 
achieved by sending message packets between blocks using 
an on-chip packet-switched network [8]. 

 

Point-to-point 
interconnect

On-chip Communication
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Homogeneous Heterogeneous

Hierarchical 
share bus

Split bus

Segmented 
bus

UniformCustom Custom
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Fig. 1. Taxonomy of on-chip communication architectures 
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The most widely adopted interconnect architecture for the 
SoC design is bus-based due to its low cost. This architecture 
usually employs hierarchical buses, and tends to distinguish 
between high-performance system buses and low complexity 
and low-speed peripheral buses. 

On-chip buses can be classified into:  
a) standard buses - specify protocols over wiring 

connections between IP cores. IP cores are designed to 
comply with one of these protocols and can be reused in 
another SOC using the same bus. However, they cannot be 
connected to a different bus without changing their bus 
interface logic [9]. 

b) wrapper-based buses - a promising technology for 
reusing IP cores because it separates the communication logic 
from the cores thereby avoiding the connectivity problems 
related to physical bus protocols. The wrapper-based approach 
uses the IP core interface protocol, which is independent of 
the physical bus protocol, and uses hardware wrappers to 
handle the core-to-core communication. Hence, IP cores 
complying with the interface protocol can be integrated into 
SoCs with different physical buses as backbones. However, 
attaching simple wrapper hardware increases the access 
latencies, so the wrapper must be optimized and be given 
more hardware logic to optimize its performance [9],  [10]. 

During the last decade there has been some pronounced 
interest in using high-bandwidth communications protocols to 
meet the interconnect needs of IP cores within the SoC. One 
such promising technique is CDMA. CDMA is a spread 
spectrum technique which encodes information prior to 
transmission onto a communications medium, permitting 
simultaneous use of the medium by separate information 
streams. The basic idea of this technique is that interconnect 
wiring can be drastically reduced by using CDMA encoding 
and an appropriate interconnection strategy. CDMA 
technology relies on the principle of codeword orthogonality, 
such that when multiple codewords are summed, they do not 
interfere completely with each other at every point in time and 
can be separated without loss of information. [5]. 

According to the previous mentioned, in order to develop a 
solution for wide range of embedded applications that require 
low cost, IP core reusability, efficient core interfacing, and 
moderate communication performance, we propose a CDMA 
coded wrapper-based SoC interconnect as an efficient 
proposal which can be used on a complex chip. 

III. MULTIPROCESSOR SYSTEM BASED ON CDMA 
TECHNIQUE 

The global structure of a multiprocessor system on which 
we will implement a CDMA technique is sketched in Fig. 2. It 
is bus based system with multiple masters, i.e. participants 
that originate a transaction and source or sink data. Inherent in 
the definition of a bus is its exclusive nature. Only one master 
can use the bus at a time; all other potential masters must wait. 
Bus arbitration (i.e., the sharing mechanisms) thus becomes a 
significant part of any bus specification. The master competes 
for access to the bus, initiates a transaction, waits for the slave 
to respond, and then relinquishes the bus. The master may 

then initiate a second transaction or – through arbitration – 
lose control of the bus to another master [11]. 
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Fig. 2. A traditional bus topology 

 
Arbitration protocols are needed to prevent conflicts when 

several processors share a common resource. Five arbitration 
protocols, commonly used in digital systems, are listed 
according to the method used to assign priorities to the 
processors: 1) equal-priority protocol, 2) unequal-priority 
protocol, 3) rotating-priority protocol (round robin), 4) 
random-delay protocol, 5) queueing protocol (FIFO). 
Different computer bus architectures and protocols used to 
resolve the bus contention problem were discussed in several 
good reviews [12], [13]. Realization of the arbiter logic is not 
in focus of interest in this paper.  

When we implement a CDMA technique on multiprocessor 
system presented in Fig. 2, on obtain a scheme given in Fig. 3. 
By comparing structures sketched in Fig. 2 and Fig. 3, we 
catch sight of the following differences:  

a) The traditional shared system bus, TSSB, from Fig. 2 is 
substituted with a CDMA shared system bus, CSSB.  

b) In Fig. 3, at processor side, a master bus wrapper, 
BW_CPU, drives the CSSB. The master bus wrapper logic 
converts traditional bus signals into CDMA coded bus signals. 

c) CSSB is composed of three buses: data CDMA coded 
bus, DATACDMA, address CDMA coded bus, ADRCDMA, and 
Control bus. The Control bus is identical for both systems 
(given in Fig. 2 and Fig. 3).  

d) The bus arbiter, BA, given in Fig. 3 is realized using the 
following two building blocks: arbiter select logic, ASL, and 
arbiter control logic, ACL. The ACL's output defines which 
CPU's bus will drive the BW_CPU. 

e) Each memory or peripheral block is connected to CSSB 
via a corresponding slave bus wrapper logic, BW_MEMi, i=1, 
..., m, or BW_PERj, j=1, ..., k, respectively. The slave bus 
wrapper logic converts CDMA coded bus signals into 
traditional bus signals.  

IV. WRAPPER STRUCTURE 

The structure of the bus wrapper is given in Fig. 4. At first, 
we will classify the interface signals into six parts:  

1. Main communication protocol signals: these signals  
indicate when the address or data is ready, or they can tell the 
other side to transfer data, such as STATUS, RDY and VAL. 
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Fig. 3. Multiprocessor system organized round system bus which uses wrappers as interface logic and CDMA transmision technique 

 
2. Command signals: they contain read/write, 

memory/input-output, interrupt request and interrupt 
acknowledge command signals, and can tell the other side 
what activity to perform now. RD, WR, M/IO, INTR and 
INTA belong to these signals.  

3. Data transfer signals: they are main data bus signals 
signed as DATA.  

4. Address decoder signals: they point to the current 
address and are signed as ADR.  

5. Configuration signals: they present input and output 
configuration bits, CIB and COB. 

6. Clock signal: this input clock signal, CLK, is used for 
generation of internal clock signals. 

After classifying the interface signals, we can design six 
modules of the bus wrapper (see Fig. 4): 

a1) Bus Wrapper Control Unit, BWCU: manages operation 
of bus wrapper and is implemented as a FSM. The state of a 
BWCU is determined by input/output signals. 

a2) Command decoder, CD: translates the control bus 
signals  between traditional and CDMA bus.  

a3) CDMA Data Encoder/Decoder, DED: it is bidirectional 
converter. It operates in semiduplex mode using time division 
multiplex. In a direction CPU→CDMA bus it converts the 
CPU output data into CDMA coded data, in opposite it 
converts the CDMA coded data into CPU input data. 

a4) CDMA Address Encoder, AE: converts binary coded 
address into CDMA coded address.  

a5) Configuration Register, CR: accepts and holds 
configuration bits.  

a6) Clock Generator, CG: is implemented as a PLL system. 
It generates internal clock signals, sinchronously with the 
global system clock, CLK, used for driving the BW_CPU's 
building blocks. 
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TABLE I  
DATA TRANSACTION SPECIFICATION 

BW 8 16 32 64 
SCW 4 8 4 8 16 4 8 16 32 4 8 16 32 
CBW 6 4 12 8 5 24 16 10 6 48 32 20 12 

GC_Tx 1079 1557 2155 3111 4114 4307 6219 8225 18479 8611 12435 16447 36955 
GC_Rx 747 674 1491 1345 985 2979 2687 1927 1441 5955 5371 3851 2851 
D_Tx 3.607 3.673 3.516 3.401 4.005 3.679 3.515 3.678 3.933 3.660 3.726 3.690 4.101 
D_Rx 4.845 5.160 5.195 5.606 5.576 5.923 5.508 6.034 5.593 5.749 5.409 6.928 7.017 
STH 413 194 770 357 179 1351 726 331 179 2783 1479 577 285 
DTL 4 8 4 8 16 4 8 16 32 4 8 16 32 
BR 25 50 25 50 68.75 25 50 68.75 81.25 25 50 68.75 81.25 

Notice: BW - bus width in bits; SCW - spreading code width in bits; CBW - CDMA coded bus width in bits; GC_Tx - gate count in Tx; 
GC_Rx - gate count in Rx; D_Tx - delay of the Tx in ns; D_Rx - delay of the Rx in ns; STH - system throughput in Mbps; DTL - data transfer 
latency in cycles of internal clock; BR - bus reduction in %; Target device: xc3s1600e-5fg484 from Spartan 3e series  
 

V. RESULTS 

Results concerning simultaneous data transfers over 
wrapper-based interconnect which uses CDMA technique are 
presented in Table I. As can be seen from Table I, the 
proposed method can be implemented on address and data 
buses of different size, such as 8-, 16-, 32-, 64-bits, etc. At 
behavioral level, master and slave wrappers are described 
using VHDL code. The wrapper logic is implemented on 
FPGA circuit xc3s1600e-5fg484 from Xilinx Spartan 3e 
series.  

By analyzing the results we can conclude the following:  
a) For all system bus width (8, 16, 32, 64) the system 

throughput, STH, is higher for , and is within the 
limit from 413 Mbps for 

4SCW =
8BW =  up to 2783 Mbps for 

. The STH decreases as SCW increases 64BW =
b) Data transfer latency is proportional to the spreading 

code size, and varies from 4 cycles of internal wrapper clock 
for  up to 64 cycles for .   4SCW = 64SCW =

c) Data processing of the receiver, D_Rx, is always higher 
in respect to data processing at the transmitter side, D_Tx. 

d) In general, for all bus width the bus reduction, BR, 
increases as the spreading code size increases, and is within 
the limits from 25% up to 81.25%.  

VI. CONCLUSION 

An efficient system for simultaneous data transfers over 
CDMA coded wrapper-based system bus is described in this 
paper. The structure of the wrapper, at behavioral level, is 
described using VHDL code. The proposal can be 
implemented for 8-, 16-, 32-, 64-bit address and data buses, as 
constituents of the system bus. Using CDMA coding the size 
of the address/data bus, in terms of number of wires, is 
reduced according to the following formula 

⎡ ⎤1SCWlog
SCW
BWCBW 2 +=  

In general, bus reduction is within the limits from 25% up 
to 81.25%, the system throughput is within the limit from 413 

Mbps for 8BW =  up to 2783 Mbps for 64BW = , for 
4SCW = .  
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Design of Leading Ones or Zeros Counting Circuit 
Nebojsa Z. Milenkovic1, Vladimir V. Stankovic2 

 
Abstract – Design of leading ones or zeros counter in data 

represented as strings of binary digits is presented in this paper. 
The proposed design method is applicable to data length of 4k 
bits, for 4≤ k ≤16. For longer data length, multiple copies of the 
designed counter can be used with addition of very simple 
circuits. The proposed design enables very high speed 
implementation in contemporary technologies. 

 
Keywords – Leading zeros/ones count, detection, modular 

design. 

I. INTRODUCTION 

In computer technique, it is frequently necessary to count 
leading ones or zeros in some data reprezented as strings of 
binary digits. Normalization of significand in the floating 
point arithmetic is maybe the most famous example. 
Techniques that are used for speeding up counting of leading 
ones or zeros can also be used for encoding of leading zeros 
anticipator in floating point arithmetic. Counting of leading 
digits of the divisor may be neded for some fixed point divide 
algorithms. Some processors, for example the MIPS family 
processors, in their instruction sets have special instructions 
for counting leading ones and leading zeros in 32 bit integer 
data. 

Counting or detection of leading zeros and/or leading ones 
has been considered separately [1,4,5] or in framework of 
leading zeros anticipation [2,3]. Solution which we have 
proposed here is improvement of previous solution in 
including counting leading zeros or leading ones by our 
choice, and network with lower number of logic levels, with 
lower propagation time. 

In section II we have explained the method of synthesis of 
leading ones/zeros counter. Section III contains performance 
evaluation of proposed solution. Section IV contains 
conclusion, and section V contains used references. 

II. SYNTHESYS OF LEADING ONES/ZEROS 
COUNTER 

Leading zeros are zeros in most significant positions of 
data, up to the position in which first one is present. 
Analogous, leading ones are ones in most significant positions 
of data, up to the position in which first zero is present. These 
definitions may by presented in the forms of 0k1x* for k 
leading zeros, and 1k0x* for k leading ones, where x is either 0 
od 1, the superscripts reprezent k instances of digit 0 or 1, and 

* reprezents zero or more instances of digit x. For example, in 
the binary datum 00001xxx....xxx the count of leading zeros is 
four, and in the datum 110xxx...xxx the count of leading ones 
is two. 

We will consider the 32 bit data, but the solution that we 
will present here is applicable to data length of 4k bits, for 4 ≤ 
k ≤ 16. We will explain the switching network design, which 
for 32 bit data, under our choice, counts leading ones or zeros. 

Let us divide the 32 bit data X(31:0) to 4 bits nibbles. In this 
data bit 31 is MSBit and bit 0 is LSBit. 

X:31÷28 | 27÷24 | 23÷20 | 19÷16 | 15÷12 | 11÷8 |  7÷4  |  3÷0 
     p0,V0    p1,V1     p2,V2     p3,V3     p4,V4    p5,V5  p6,V6   p7,V7 
    s0,Z0     s1,Z1      s2,Z2      s3,Z3     s4,Z4     s5,Z5   s6,Z6    s7,Z7 

Labels below nibbles, pi and si , 0 ≤ i ≤ 7, denotes logical 
products (AND operation) and complements of logical sums 
(NOR operation) of data bits in ith nibble, and Vi and Zi 
denotes count of leading ones and zeros in that nibble. 

General expression for pi is 
pi = x31-4i⋅x31-(4i+1)⋅x31-(4i+2)⋅x31-(4i+3) , i=0,1,...,7               (1) 

 
TABLE I  Boundary nibble encoding as function of products 

Values of logical products 

Ordinal 
numb. of 
boundary 
nibble, n 

Count of 
leading 
ones, m 

Selector 
bits to 
mux 

y2  y1  y0 

p0=0 0 0 ÷ 3   0  0  0 
p0=1, p1=0 1 4 ÷ 7   0  0  1 
p0⋅p1=1, p2=0 2 8 ÷ 11   0  1  0 
p0⋅p1⋅p2 =1, p3=0 3 12 ÷ 15   0  1  1 
p0⋅p1⋅p2⋅p3 =1, p4=0 4 16 ÷ 19   1  0  0 
p0⋅p1⋅p2⋅p3⋅p4 =1, p5=0 5 20 ÷ 23   1  0  1 
p0⋅p1⋅p2⋅p3⋅p4⋅p5=1, p6=0 6 24 ÷ 27   1  1  0 
p0⋅p1⋅p2⋅p3⋅p4⋅p5⋅p6=1, p7=0 7 28 ÷ 31   1  1  1 
p0⋅p1⋅p2⋅p3⋅p4⋅p5⋅p6⋅p7=1 - 32   0  0  0 

 
In Table 1 the expression in column “Values of logical 

products” contains expressions which determine the ordinal 
number of nibble, counting from zero from left to right, in 
which continuous string of ones terminates, followed by first 
zero. Such nibble we will call boundary nibble. In this column 
character “⋅” designates AND operation. The last table’s row 
refers to the data with number of ones equal to the length of 
data, in this case 32. In the column “Number of leading ones” 
are shown the ranges of possible numbers of leading ones for 
these conditions. These numbers of leading ones can be found 
as the sum of values 4n and Vn, where 0 ≤ n ≤ 7 is the ordinal 
number of boundary nibble with one or more zeros, and Vn is 
the number of terminal ones in this boundary nibble. For 
example, in datum 

1Nebojsa Z. Milenkovic is with the Faculty of Electronic
Engineering, Aleksandra Medvedeva 14, 18000 Nis, Serbia and
Montenegro, E-mail: nmilenko@elfak.ni.ac.yu 

2Vladimir V. Stankovic is with the Faculty of Electronic
Engineering, Aleksandra Medvedeva 14, 18000 Nis, Serbia and
Montenegro, E-mail: svlada@elfak.ni.ac.yu 
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the first three nibbles contain only ones, while the fourth 
nibble beside two ones also contains two zeros. That’s why 
the nibble with ordinal number three is boundary nibble, with 
two terminal ones, thence n = 3 and Vn = 2, and the number of 
leading ones is m=14. 

m = 4n + Vn (2) 

Last column of Table I encodes ordinal number of boundary 
nibble from second column, and will be used as the selector 
bits to multiplexor MUX 1 and MUX 2 in the network 
presented in Figure 3. 

Because the values of n in range 0 – 7 are multiplied by 4, 
and Vn can have values in range 0 – 3, multiply operation n by 
4 and adding Vn can be substituted by concatenation of three 
bits of n and two bits of Vn. 

From first and fourth columns of Table I we can get 
following expressions for y2, y1, and y0: 

)ppp(ppppp)ppp(py

(3)                            )pppppp(pp

ppppppppy

7654321032100

765432101

765432102

+++=

⋅+=

=

y  

In fact, columns 1 and 4 of Table I define function of 
priority encoder with eight input lines and three output lines, 
as can be seen in standard integrated circuits families. 

Dependence of the number of leading ones in the boundary 
nibble, which contains less then four ones, is presented in 
Table II. The last table’s row is an exception, because it 
represents the case when the nibble is not boundary. To 
simplify bit’s labels we have introduced index k, k = 31-4i, 
i=0, …, 7. Value Vi= {vi

1 vi
0} represents this number of 

leading ones in binary. From this table logical expressions for 
vi

1 and vi
0 are: 

 

)xxx(xv

xxxxv

3k2-k1kk
i
0

3-k2-k1kk
i
1

−−

−

⋅+⋅=

⋅⋅⋅=  (4) 

 
 
Number of leading zeros can be 

found by the same way if for 
every nibble we take NOR logical 
operation on their bits: 

 
(5)      0,1,..,7i ,xxxxs 3)(4i312)(4i311)(4i314i31i =+++= +−+−+−−  

Then si =1 indicate that ith nibble contains all zeros. As with 
counting leading ones, ordinal number of boundary nibble and 
range of count of leading zeros in relation to values of si can 
be presented as in Table I, with only one difference: in first 
column, instead of products of pi, in that table must stand 
products of si, 0≤ i ≤7. Insufficient space and only that 
difference are reasons why we don’t present such table for 
leading zeros. 

Dependence of the number of leading zeros in the boundary 
nibble, which contains less then four zeros, is presented in 
Table III. The last table’s row is an exception, because it 
represents the case when the nibble is not boundary. Value 

Zi= {zi
1 zi

0} represents this number of leading zeros in binary. 
From this table logical expressions for zi

1 and zi
0 are: 

 
 

)xxx(xz

)x(xxxz

3-k2-k1kk
i
0

3k2k1kk
i
1

⋅+⋅=

+⋅⋅=

−

−−−   (6) 
 
 

Values in columns 2 to 4 of 
Table I and analogous table for 
leading zeros are equal, and in 
column 1 they differ only by 
using AND or NOR operation 
on nibble’s bits in data. This 
suggests that logical function 
y2, y1 and y0 in both tables can 
be implemented by the same 
combinatorial network, with 
inputs pi for leading ones and si 
for leading zeros. Let qi be the 

input signal to that network with values: 
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Fig. 1. Scheme of BNE network 
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Fig. 2. Scheme of NCNi network 

TABLE II Encoding leading 
ones in boundary nibble 

xk xk-1xk-2xk-3 vi
1 vi

0 
0   x   x    x 0  0 
1   0   x    x 0  1 
1   1   0    x 1  0 
1   1   1    0 1  1 
1   1   1    1 0  0 

TABLE III Encoding leading 
zeros in boundary nibble 

xk xk-1xk-2xk-3 zi
1 zi

0 
1   x   x    x 0  0 
0   1   x    x 0  1 
0   0   1    x 1  0 
0   0   0    1 1   1 
0   0   0    0 0   0 
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qi = pi for counting leading ones, 
qi = si for counting leading zeros. 
Combinatorial network which implements the switching 

functions yj = fj(q0, q1, …, q7), j= 2, 1, 0, is shown in Figure 1. 
In addition, this network implements the logical product 
Q=q0⋅q1⋅q2⋅q3⋅q4⋅q5⋅q6⋅q7 , which by value 1 signalizes that the 
datum in all eight nibbles has all ones or zeros. 

Figure 2 shows the network which implements switching 
functions pi and si from expressions 1 and 5 respectively, and 
zi

1,zi
0 and vi

1,vi
0 from expressions 4 and 6 respectively. 

Finally, Figure 3 shows the complete block scheme of the 
leading ones/zeros counter. Blocks NCN0 ÷ NCN7 contain 
logical networks shown in Figure 2, and block BNE 
(Boundary Nibble Encoder) logical networks shown in Figure 
1. LZLO/ selects counting leading ones or zeros. Stout line 
on leading ones/zeros counter’s output represents grouping of 
one output line Q from BNE network, three lines from MUX1 
and two lines from MUX2, which carry bits 5, 4:2 and 1:0 of 
the leading ones/zeros count’s six bits. 

This solution can be extended for counting leading 
ones/zeros in 64 bit data as follows. Let the network presented 
in Figure 3 with outputs “Number of leading ones/zeros (0-
32)” be one module with outputs NLO/Z (bits 4:0) and Q. 
Two such modules are connected to the outputs of 64 bit 
register X as is presented in Figure 4. Signal QH=0 shows that 

data bits 63 to 32 contains not only ones (zeros), and the count 
of leading ones (zeros) in range 0÷31 is determined by 
00||NLO/ZH . Here 00 are two most significant bits, and 
NLO/ZH gives five lower bits in the seven bits count of 
leading ones/zeros. The sign || is concatenation. When QH=1 
and QL=0, most significant 32 data bits are only ones (zeros), 
and 32 lower data bits contains ones and zeros. The number of 
leading ones (zeros) is in the range 32÷63, and is determined 
by 01||NLO/ZL . Finally, for QH=1 and QL=1 all data bits are 
ones (zeros), and the number of leading ones (zeros) is 64. 
These values are written in the third column of Table IV. 
They are put on MUX’s data input lines as presented in Figure 
4, and MUX’s seven output lines give us the number of 
leading ones/zeros in the range 0-64. 

TABLE IV Forming results with output multiplexer 

QH QL 

Number 
of leading 
ones/zeros 

The way of 
forming 

MUX’s 
select 
inputs: 
r1   r0 

MUX’s 
data 
input 
lines 

0  x 0 ÷ 31 00||NLO/ZH 0   0 0 

1  0 32 ÷ 63 01||NLO/ZL 0   1 1 

1  1 64 1000000 1   0 2 

X 31.....28 27.....24 23.....20 19.....16 15.....12 11..... 8 7 ..... 4 3 ..... 0

       2  1  0y y y

M
U
X
1

Number of leading
   ones/zeros (0-32)
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Fig. 3. Block scheme of leading ones/zeros counter in 32-bit data 
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Fig. 4. Block scheme of leading ones/zeros counter in 64 bit 
data 

III. PERFORMANCE EVALUATION 

As the building block of microarchitecture of contemporary 
processors, proposed leading ones/zeros counter must satisfy 
required performance level. In performance evaluation we are 
considering only the time delay through the proposed leading 
ones/zeros counter. In the context of discussions of logic 
delays, the FO4 metric is used by processor architects as a 
process neutral metric that can be applied to abstract design 
and architectural discussions. So, we are using FO4 
(equivalent) gate delays as a measure [6], which is simply the 
delay through an inverter that has to provide the output drive 
current sufficient to drive 4 other inverters of comparable 
sizes. In addition, it must be counted the maximal number of 
level of logical circuits in the considered network. This 
number of level then must be multiplied with the delay time 
per logical circuit to find the delay time through the entire 
network. 

In the network in Figure 3 signals propagate through the 
following blocks: NCNi, MUX, BNE, (MUX1, MUX2 in 
parallel). From Figures 1 and 2 the maximal numbers of levels 
for NCNi and BNE are 4 and 5 respectively. For MUX below 
NCNi blocks we find 3 logic levels, and for MUX1 we find 4 
logic levels. Adding these numbers gives 16 logic levels. With 
FO4 gate delay of 25 ps for 0.18μm process technology [6], 
the delay time for the proposed leading ones/zeros counter for 

32 bit data is 16×25=400 ps. For 64-bit leading ones/zeros 
counter to this time delay must be added time delay through 
MUX select logic r1r0 and MUX, with 2+3=5 logic level, and 
additional 5×25=125 ps. For the whole 64-bit leading 
ones/zeros counter time delay is 525 ps. Of course, with 
contemporary process technology with shorter FO4 per gate 
delay time, the performance presented here is even better. 

IV. CONCLUSION 

Systematic design of leading ones/zeros counter is 
presented in this paper. Although example design presented 
here is for 32 bit data, the methodology used for them is 
applicable to design of leading ones/zeros counter for data 
length of 4k bits, for 4 ≤ k ≤ 16. 

The advantages of this leading ones/zeros counter are: 
- choice to count leading ones or zeros, 
- relatively little quantity of logic circuits attained by using 
common logic blocks (BNE, MUX1, MUX2) for counting 
leading ones and zeros, 
- modular design which enables simple upscaling for longer 
data, 
- short time delay, with little additional delay with upscaling. 
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Abstract – This paper presents the evaluation of 
programmable platforms regarding development and 
implementation of advanced real-time video algorithms as well 
as benchmark of such solutions vs. hardware implementations. 
Evaluation is done using video processing framework and 
implementation of appropriate video algorithms on CELL IBM 
platform. 
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algorithms1 2 3 4 5 

                                                          

I. INTRODUCTION 

Due to increased presence of digital content (multimedia 
systems, internet streaming) demand for advanced real-time 
video algorithms has emerged. Main characteristic of real-
time video processing is great amount of data that needs to be 
processed in a given time interval. Evolution and 
advancement of integrated circuits made possible further 
rising of hardware processing power. This enabled practical 
implementation of theoretical advancement in field of video 
processing algorithms. 

Realization of advanced real-time video algorithms is 
possible in two different ways: 

1. Software realization on programmable platforms 
2. Hardware realization in programmable hardware 

components like FPGA (Field-Programmable Gate 
Array) 

Advantage of first approach is shorter period between 
achieving theoretical results and their practical realization. 
Main flaw of this approach is that it demands hardware 
platform with great processing power that is able to execute 
realized software solution in real-time. 

Main advantage of second approach (hardware realization) 
is that it doesn’t demand hardware platform with high 
processing power. But its main flaw is longer period between 
achieving theoretical results and their practical realization due 
to restriction introduced by development and hardware 
implementation of advanced video algorithms. These 
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restrictions reflect in necessary algorithm translation into 
language suitable for hardware implementation (Hardware 
Description Language). From the beginning of hardware 
implementation any changes made to algorithms at theoretical 
level will cause delay, because the hardware interfaces can not 
be easily changed from that moment. This aspect also 
represents bottleneck of hardware because these changes are 
often in phase of development and verification. 

Video processing and other multimedia applications belong 
to market segment where short development and 
implementation time and low cost of final product present 
main objectives. Software implementation approach offers 
short period for developing and implementation. Appearance 
of hardware architectures like CBEA (Cell Broadband Engine 
Architecture, [1]) offers new approach to development of 
complex algorithms such as advanced video algorithms. This 
architecture offers toolkit that lets programmer to implement 
algorithm in software in fast and efficient way on price 
attractive platforms. Also, this architecture offers sufficient 
processing power for real-time implementation. TABLE  
compares processing power of CBEA based processor with 
two the most powerful FPGA modules ([5] and [6]). 
Processing power is expressed in GMACS (Giga Multiply and 
ACcumulate) instructions because these instructions are used 
often in field of signal processing. 

For this evaluation, algorithms for video improvement are 
chosen as especially desired applications in processing power 
and data communication. It includes algorithms for de-
interlacing, scaling, up-sampling, contrast and brightness 
adjustment [4]. 

 
TABLE I - COMPARATIVE REPRESENTATION OF CBEA AND 

FPGA BASED ARCHITECTURES PROCESSING POWER 

Manufacturer Product Frequency Price Processing power 
(GMACS) 

IBM Cell ~3 GHz ~$90 204 

Altera Stratix III 550 MHz $400 211 

Xilinx Virtex V 550 MHz $457 352 

 
Goal of this paper is evaluation of CBEA based architecture 

regarding development and implementation of advanced real-
time video algorithms in terms of complexity, efficiency and 
flexibility.  

II. PLATFORM DESCRIPTION 

CBEA presents architecture of microprocessors dedicated 
to distributed data processing. CBEA describes 
microprocessor that could be either single chip module or 
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multi chip module. Fig. 1 presents architecture of processor 
based on CBEA. 

 
Fig. 1 - Architecture of processor based on CBE (Cell 

Broadband Engine) architecture 
 

CBEA describes 4 different functional entities of processor: 
1. PowerPC Processing Element (PPE, [7]) 
2. Synergetic Processing Element (SPE) 
3. Memory Flow Controller (MFC) 
4. Internal Interrupt Controller (IIC) 

Component that connects these functional entities inside of 
processor is EIB (Element Interconnect Bus). Regarding that 
CBEA is open architecture, number of entities inside 
processor is variable and could depend on demands and 
characteristics of system being developed. 

III. ALGORITHMS FOR VIDEO IMPROVEMENT 

Selected algorithms for this paper represent a standard 
video processing that is present in every TV device available 
on market. Algorithms are also representative examples for 
complex and data intensive calculations. Realized algorithms 
are de-interlacing, scaling, up-sampling, contrast and 
brightness adjustment. 

De-interlacing is the process of converting interlaced video 
into a non-interlaced (progressive) video. Chrome upsampling 
is the process of increasing the sample rate of input video 
chrome components. In this realization it represents 
conversion from YUV 4:2:2 to YUV 4:4:4 color format. 
Vertical scaling is process of increasing vertical resolution of 
input video. In this realization this process is done using 
polyphase interpolation. Horizontal scaling is process of 
increasing horizontal resolution of input video. In this 
realization this process is also done using polyphase 
interpolation. YUV to RGB conversion is process of 
converting color space of input video from YUV to RGB 
color space. Contrast and brightness adjustment is process of 
adjusting contrast and brightness of input video. It is done in 
RGB color space. Limiting and formatting is process of 
preparing video sequence for displaying. 

IV. REALIZATION DESCRIPTION 

Two modules are distinguished during realization of real-
time video processing framework on CBEA platform. First 
module represents system software that handles input/output 
of the system (input video data, user parameters and 

processing results). Second module represents video 
processing itself. 

Real-time video processing framework is divided into two 
parts regarding to hardware characteristics of CBEA based 
architecture: 

1. Software module executed on PPU 
2. Software module executed on SPU’s 

PPU software module is real-time video processing 
framework. It is a Linux application that accepts user 
parameters and according to them creates video processing 
chain. It also controls input devices (keyboard and PS3 
controller). Fig. 2 presents structure of video processing 
framework (outlined in blue color) and video processing chain 
(outlined in red color). Video processing framework input is 
video sequence (compressed or uncompressed. Size of input 
video sequence is restricted to SD (720x576 or 720x480 pixel 
per frame) because of the nature of realized algorithms in 
video processing module. Video processing framework also 
provides utility for interactive control of framework and 
realized video algorithms. Results generated by video 
processing module can be presented on display or written to 
file, depending on user defined configuration. File writing is 
primary used during video algorithms verification process. 

SPU software module is responsible for realization of 
selected real-time video algorithms. Fig. 2 also presents list of 
realized video processing blocks and their SPU assignment. 
The last SPU processor in processing chain writes his results 
into video memory of hardware platform. 

 
Fig. 2 - Video processing framework and chain structure 

 
PPU processor starts video processing by sending message 

into inbound mailbox of first SPU element in chain of SPU 
elements that process video data. Last SPU processor in chain 
signals end of frame processing to PPU processor by insertion 
of an adequate message into own outbound mailbox. Data 
stored into outbound mailbox indicates number of processor 
cycles that processor executed during processing of single 
video frame and can be used to calculate exact time (cycle 
precise) required for processing single video frame. 

Fig. 3 presents system data flow. First SPU element in 
video processing chain (after receiving message from PPU) 
starts data processing by fetching necessary video data 
prepared by PPU from main (system) memory. After 
processing first block of input data, it passes processed block 
of video data to the next SPU element in the chain. Last SPU 
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element in the chain passes processed video data to main 
memory (or directly to video memory) depending on user’s 
system configuration. 

 
Fig. 3 - System data flow 

 
On every SPU element special mechanism for data 

acquisition is implemented. This procedure is mandatory due 
to fact that every SPU element has limited amount of local 
memory (256 KB of local uniform memory dedicated to data 
and instructions). Regarding to the fact that whole frame/field 
even at PAL SD resolution (720x576 pixels per frame or 
720x288 pixels per field) can’t fit into local memory of one 
SPU element, synchronization techniques and mechanism of 
line buffers are developed. 

V. MEASUREMENT DESCRIPTION AND ACHIEVED 
RESULTS 

Performance measurement of video processing blocks is 
carried out in three different phases of video processing 
framework implementation on CELL IBM platform. 
Measurement of achieved performance for each video 
processing block is performed using IBM system simulator. 

First measuring step is measuring of performance achieved 
when each video processing block is implemented on PPU 
processor. All video processing blocks are sequentially 
executed on single processing core (PPU) and represent 
function calls of realized video algorithm. This phase 
simulates execution of video algorithms on platforms based 
on general purpose processors, regarding that PPU core 
represents one kind of general purpose processor. 

After this phase, scalar implementation of video processing 
blocks is executed on SPU processing core. Scalar 
implementation represents type of processing where single 
operand (in this case pixel) is processed using single 
instruction (SISD, single instruction single data). For every 
block of video processing chain, single SPU core is reserved. 
In this phase each SPU core and entire system performances 
are measured. 

After that, the scalar implementation is being vectorised 
([3]) and optimized. Performances of vectorised and 
optimized implementation in final system are measured. 

PPU scalar implementation represents realization of scalar 
functions set that execute appropriate video algorithm. 
Measuring is realized for each function. Video processing 
module itself is implemented as sequential calls of realized 
functions. During execution of video processing chain, each 
video processing function is called with parameters that are 
passed on by video framework. 

Special system for parameter forwarding is realized, 
regarding that function parameters are passed on by video 
framework before each field/frame is processed. TABLE  
represents achieved processing time of each scalar function of 
video processing chain executed on PPU processor (expressed 
in ms). 

 
TABLE II - MEASURED PROCESSING TIME OF PPU SCALAR 

IMPLEMENTATION OF VIDEO PROCESSING BLOCKS 

Block name Achieved 
processing time 

De-interlacing 1.761 
Chrome upsampling 30.844 

Vertical scaling 352.522 
Horizontal scaling 1880.122 

YUV to RGB conversion 176.989 
Contrast and brightness adjustment 20.924 

Limiting and formatting 10.196 
 

Scalar implementation on SPU processors represents 
realization of scalar functions set on corresponding SPU 
processor. This approach’s main property is that the blocks of 
video processing are executed on single processor. This 
property caused implementation of necessary communication 
mechanism between SPU processors. Measuring is realized on 
each SPU processor.  

TABLE  represents realized time of video processing scalar 
functions on single SPU processor (expressed in ms). It is 
obvious that realized time is comparable to results achieved 
on PPU processor, or even worse. These results are expected 
and can be explained by fact that synchronization between 
video processing blocks (demanded by SPU processors 
implementation) doesn’t exist in realization on PPU 
processor. 

 
TABLE III - MEASURED PROCESSING TIME OF SPU SCALAR 

IMPLEMENTATION OF VIDEO PROCESSING BLOCKS 

Block name Achieved 
processing time 

De-interlacing 4.6 (SPU 0) 
Chrome up sampling 32.171 (SPU 1) 

Vertical scaling 381.712 (SPU 1) 
Horizontal scaling 2035.8 (SPU 2) 

YUV to RGB conversion 228.33 (SPU 3) 
Contrast and brightness adjustment 24.698 (SPU 3) 

Limiting and formatting 34.43 (SPU 3) 
 
Also, SPU processor is not optimized for scalar functions, 

regarding that instruction set of SPU processors consists only 
of vectorised instructions (SIMD, Single Instruction Multiple 
Data, [3]). SPU processor’s registers are 128-bits and 
optimized for SIMD instructions. Compiler used for 
translation of scalar implementation must generate extra 
instructions to accomplish this translation. These extra 
instructions explain worse results of scalar implementation on 
SPU processor compared to implementation on PPU 
processor. 

Vectorised implementation on SPU processors represents 
realization of vectorised functions group on corresponding 
SPU processor. Vectorising of functions implies translating 
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TABLE IV - MEASURED PROCESSING TIME OF SPU VECTORISED 

scalar implementation into implementation which can be 
realized on vector processor. This process is realized in C 
programming language using language extensions for SIMD 
architecture of SPU processor. TABLEIV represents achieved 
time of video processing vector functions (expressed in ms). 

 

IMPLEMENTATION OF VIDEO PROCESSING BLOCKS 

Block name Achieved 
processing time 

De-interlacing 0.25 (SPU 0) 
Chrome upsampling 0.788 (SPU 1) 

Vertical scaling 1.970 (SPU 1) 
Horizontal scaling 10.510 (SPU 2) 

YU n V to RGB conversio 6.198 (SPU 3) 
Con ent trast and brightness adjustm 2.756 (SPU 3) 

Limiting and formatting 1.983 (SPU 3) 
 

The frequency of field/frame processing in single 
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       (1) 
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MF /1=                           
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Maximum single field/frame processing time in scalar PP
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realize all processing blocks in video processing chain 
because target hardware architecture (CBEA) has single PPU 
processor, which makes impossible parallelization of video 
processing chain on PPU. Maximum single field/frame 
processing time in scalar and vectorised SPU implementation 
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(the longest) video processing block in video processing 
chain, regarding that the blocks are realized simultaneously on 
different SPU cores. Fig. 4 shows achieved frame rate in 
different implementations described in previous section. 
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Performing OLAP Operations in Data Cube with 
Dimensions Having Irregular Hierarchical Relationships 
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Abstract - OLAP provides for analysis of large collections of 

historical factual data aggregated by the levels of hierarchically 
structured dimensions. In case that a hierarchy is irregular 
aggregation results will be incorrect. Algorithms for rendering 
irregular hierarchies summarizable thus ensuring correctness of 
aggregations are proposed. Mechanism for performing basic 
OLAP operations in relational environment is designed.           

 
Keywords – OLAP, Data cube, Summarizability, Hierarchy 

transformation, OLAP operations 

I. INTRODUCTION 

On-Line Analytical Processing (OLAP) systems aim to ease 
the process of extracting useful information from large 
amounts of detailed transactional data. The modeling 
approach that fits most naturally to data analysis problems is 
the multidimensional one. It provides for fast, consistent, 
interactive access to a wide variety of possible views of 
information, automatic application of pre-specified 
aggregation functions, visual querying and good query 
performance due to the use of pre-aggregation [6]. 
Multidimensional view is captured in several data models 
referred to as cube models or data cubes [3], [8]. Data is 
examined as n-dimensional cube. It’s divided into measures 
(facts) on which calculations are performed and dimensions 
that characterize them. Each dimension has a number of 
attributes that can be used for selection and grouping. Typical 
OLAP queries involve calculating aggregations from large 
amounts of measure data. Aggregations are performed on 
dimensions that are organized along hierarchy levels. Cube 
models differ depending on whether relationships between 
hierarchy levels are captured explicitly or not by the scheme. 
A hierarchy that is explicitly captured in the scheme provides 
better guidance for navigating the cube.  

Quick access to aggregated measures is provided by pre-
computing and storing them. Several types of pre-aggregation 
can be implemented that differ in the query response time. 
Fastest response time is provided by pre-computing and 
storing aggregations for all possible combinations of 
dimensions’ values. The storage requirements in this case 
grow rapidly resulting in data explosion. 
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It occurs because the number of possible aggregation 
combinations increases fast with the increase of the number of 
dimensions. The sparseness of the multidimensional space 

decreases in higher dimension levels. Thus the space taken by 
aggregates at higher levels almost equals the one of lower 
levels. Another approach deals with selecting a subset of 
aggregation levels to pre-compute and obtaining aggregates 
for the upper levels on the fly from the pre-computed ones. 
The technique is referred to as summarizability [4]. The 
hierarchy structure should provide for correctness of 
aggregations obtained along dimension hierarchy levels. One 
aspect of incorrect aggregation is double-counting of data. It 
occurs in case of many-to-many relationship between fact and 
dimensions or dimension members being part of more than 
one higher level. Another aspect of incorrect aggregation 
consists in not counting data. This occurs if measure value is 
not present at the lowest hierarchy level or when the fact-to-
dimension mapping has varying granularity. These problems 
occur with non-summarizable dimension hierarchies. 
Hierarchy properties and transformation techniques for 
achieving summarizability are discussed in [1], [2], [7].         

Our work concerns design and implementation of 
mechanism for obtaining correct aggregations in a relational 
OLAP environment since relational technology turns out to be 
the most commonly used platform for OLAP applications and 
the major relational data base management systems (RDBMS) 
use pre-aggregated data for enhancing query response times. 
The aspects discussed are: 
♦ Summarizability violations; 
♦ Implementation of summarizability in the data cube 

scheme; 
♦ Performance of OLAP operations on summarizable 

hierarchies. 
Further on in the paper irregularities in hierarchies and 

procedures for obtaining summarizability are examined.  
Technique for pre-computing aggregations along hierarchies 
with ensured summarizability by means of standard relational 
technology is designed. Finally procedures for implementing 
summarizable pre-aggregations in OLAP operations are 
presented.  

II. CASE STUDY WITH SUMMARIZABILITY 
VIOLATIONS 

Summarizability is an important cube property. It states 
when lower-level aggregates being pre-computed can be used 
to calculate higher-level aggregates as well as when they are 
to be computed from source base data. An aggregate function 
is summarizable if aggregated results from lower level 
aggregates when combined give the same result as when the 
aggregate is derived directly from base data. As calculation of 
aggregates from base data increases significantly the 
computation cost it’s important to ensure summarizability 
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along cube dimensions. Summarizability is achieved by 
proper ordering of dimension values in hierarchy levels. The 
ordering is referred to as strict and covering [4], [8]. A 
dimension hierarchy is strict if no member has more than one 
parent from the same level. It’s covering if no path skips a 
level. This implies that dimension hierarchies should be 
balanced trees. If this isn’t fulfilled some lower level values 
will be either double counted or not counted at all. 

A case study concerning wood retail business is examined. 
The data cube is shown by diagram with UML notation in 
Fig.1. 

 

 
 

Fig.1. Wood retail business – UML diagram 
 
For the purposes of investigation concerning hierarchy 

structure and summarizability the examined fact Orders is 
characterized by only two dimensions, i.e. Forestry and 
Customer and single measure Quantity. Forestry states the tree 
name, the wood kind (conifer / broad-leaved) and the place it 
was cut. The following summarizability violations are present:   

1. Not-counting Orders 
♦ Customer dimension - Orders of Customers whose 

Addresses aren’t in a City when aggregating at City level; 
♦ Forestry dimension – Orders made for Wood kind 

when aggregating at Tree level; 
2.  Double-counting Orders – Forestry dimension when 

aggregating at Wood kind level as Wood may be cut from 
several Forestry. 

III. MANAGING SUMMARIZABILITY VIOLATIONS 

Our previous work on hierarchy irregularities, 
transformations and hierarchy normalization is presented in 
[1] and [2]. What is treated here concerns summarizability 
violations in the data cube scheme. The approach 
implemented deals with designing metadata for dimension 
hierarchy structure that provides for summarizability. This is 
achieved by modifying the initial hierarchy for resolving non-
counting and double-counting violations. Metadata is 

designed in relational environment. The level ordering of a 
dimension with parent-child relationships is defined by 
structure table – Table I. Parent and Child fields mean 
identifiers of members of the dimension table.      

TABLE I 
DIMENSIONAL HIERARCHY STRUCTURE TABLE 

 
Parent Child Type CLevelId 

    
 
Top-level members have CLevelId = 0. Type column holds 

1 for real Parent and 0 for artificially defined one. Metadata 
table may be generated by exploring the dimension tables as 
shown in [2] or may be explicitly defined by user. Handling 
non-counting violations implies eliminating paths that skip 
levels like the one in the Customer dimension and ensuring 
that all non-bottom level members have children. This is the 
case with the Forestry dimension when examining sawdust 
that is of no specific Tree. Algorithms for handling 
hierarchical irregularities are presented in [7]. Our approach 
corresponds to the structure of the metadata table with 
hierarchy levels explicitly stated. This facilitates hierarchy 
exploration for multiple paths and childless non-bottom level 
members. In the case study diagram members from the 
address level may skip the city level and connect to district 
directly, i.e. customer’s address is not in a city. The algorithm 
for handling skipping level paths inserts artificial members at 
the skipped level and the metadata table is modified 
accordingly. It’s shown in Fig.2. 

 

 
 

Fig.2. Handling non-counting violation due to skipping paths  
 

The algorithm explores dimension metadata table by levels. 
For each level member starting from bottom level it identifies 
its parents and gets their levels (the find statements). In case 
that a parent found is at level with number smaller than the 
one of the upper adjacent level modification of the metadata 
table is performed. Two rows are inserted – one for the child 
member being examined with parent having the same value 
and 0 in the Type field. This row holds the link of the child 
member to its upper adjacent level. The values for parent and 
child fields are the same for keeping the original values in the 
newly created links. Another row is inserted which holds the 
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link of the artificial parent to the child’s real parent. Finally 
the row holding the skipping level path is deleted. The 
procedure is recursively called until hierarchy top level is 
reached. The metadata table structure proposed facilitates 
hierarchy transformation by eliminating join operations in 
case of hierarchy level relationships being kept in separate 
tables.  

 Algorithm is designed for managing summarizability 
violations concerning non-counting measures due to the 
presence of childless non bottom-level members. In the 
Forestry dimension of the case study wood kind may not have 
associated tree. The algorithm is shown in Fig.3. 

 

 
 

Fig.3. Handling non-counting violation due to childless members 
  

Starting from top level the algorithm looks for children of 
level members. In case that they are missing rows are inserted 
into metadata table with artificial children and parents 
respectively and 0 as type value until bottom level is reached. 
The rows inserted have the same values for parent and child 
thus making possible the mapping of fact to the inserted 
artificial level members. The algorithm is called recursively 
until reaching level that is adjacent to the bottom level.  

Another summarizability violation concerns double-
counting members. This occurs in case of members of the 
dimension hierarchy having multiple parents from the same 
level. In the case study presented this occurs in the Forestry 
dimension between Forestry and Wood kind levels as wood 
kind may originate from more than one Forestry. Algorithm 
for managing it is shown in Fig.4. It takes as input a metadata 
table MT and looks for parents of each level member starting 
from the bottom level. Parents of Child C are counted and 
those with count greater than 1 are selected. A table “Multiple 
parents” is created for C and the selected parents are inserted 
therein. Rows with artificial parents for C are inserted in MT 
until top level is reached. Finally the rows of C’s multiple 
parents are deleted. The procedure is called recursively until 
members of all levels are checked. The algorithm is 
performed upon hierarchies with paths of the same length and 
links from children to their immediate parents. This can be 
achieved initially by applying the algorithms resolving non-
counting violation.  

     

 
 

Fig.4. Handling double-counting violation 
 
As a result of the algorithms presented hierarchies are 

implemented in the data cube scheme through metadata tables 
holding level relationships with explicitly denoted real and 
artificial parents and multiple parent tables for children with 
multiple parents. 

IV. PERFORMING OLAP OPERATIONS 
IMPLEMENTING HIERARCHY METADATA 

OLAP operations consist of 80% navigational queries that 
explore dimension hierarchies and 20% aggregation queries 
that summarize data at various levels of detail [5]. 
Implementation technique for OLAP queries on transformed 
dimension hierarchies is presented in [9]. Sample navigational 
query concerning our case study is one for showing 
Customers per District. Dimension Customer is represented in 
Table II: 
 

TABLE II 
DIMENSION TABLE 

 
Id MemberName GroupName 

   
 
Navigational query is internal to a dimension. Input tables 

for the query are dimension and hierarchy tables. Initially top 
and bottom levels for the navigation are determined. The 
Child members for Parent members at the top level are 
selected. Only real parent members are examined by the filter 
condition “<>0” on the Type field in the hierarchy table. The 
dynaset of Child members obtained is joined with the 
hierarchy table on the parent field. The query drills down to 
the next level by selecting child members for the parents 
resulting from the equijoin.   The query is performed on the 
hierarchy table joined with the dimension table for outputting 
members’ names. The Join/Select queries are performed until 
reaching the bottom level. The query flow is shown in Fig. 5.  
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Fig.5. Navigational query – subquery flow  

 
Aggregation queries involve facts and pre-aggregated 

measures. Sample aggregation query is one for counting 
Orders grouped by Wood kind or by District. Aggregation 
function used may be different. 

Aggregation query for retrieving Orders count per District 
is examined. The query format is as follows: 

 SELECT Customer.District, SUM (Order.Count)  
 FROM Customer, Order 
WHERE Customer.CustomerID = Order.CustomerId 
GROUP BY Customer.District 
By means of the algorithms designed in the previous 

section dimensional hierarchies are rendered summarizable. 
We assume that Order counts for the bottom level of the 
Customer dimension are pre-computed and stored in a 
separate table with structure shown in Table III.  

 
TABLE III 

PRE-AGGREGATION TABLE 
 

Customer Id OrderCount 
  

 
The aggregation query will use the pre-aggregated 

measures for calculating Order counts for the higher hierarchy 
levels. Order counts per Customer are to be summarized for 
obtaining these per Cities and Districts respectively. The 
query flow in SQL statements is shown in Fig.6. 
 

 
 

Fig.6. Aggregation query - subquery flow 
 

Input tables for the query flow are Customer dimension and 
hierarchy tables and pre-aggregated measures for customers. 
Top and bottom levels for aggregations are determined. The 

pre-aggregation table for the bottom level is joined with the 
hierarchy table on Child field and Parent level members are 
obtained. Order counts are then summarized for the resultant 
parents. The dynaset obtained is further joined with the 
hierarchy table until reaching the top level. When outputting 
results real members are filtered. Pre-aggregation assumes 
that facts are related to the bottom level of dimensions and the 
relationship between facts and dimension members is many-
to-one. In case of violation algorithms for making non-bottom 
members have children or for handling double-counting are 
initially performed.  

 

V. CONCLUSION 

The process of providing summarizability to dimension 
hierarchies in order to enhance the performance of OLAP 
operations by using pre-computed aggregates for calculating 
higher level ones with ensured correctness of results is 
investigated. Schema support for dimensional hierarchies in 
ROLAP environment is provided. Metadata for hierarchy 
structure is designed. Dimensional hierarchy structures that 
violate summarizability are explored. Algorithms for 
managing the most general violations as non-counting or 
double-counting measures in aggregations are proposed. 
Mechanism involving standard SQL query flow for 
implementing hierarchy metadata in OLAP navigation and 
aggregation operations is presented.     

Future work is intended in investigating scheme support of 
dimension updates and mechanism for maintaining hierarchy 
metadata and pre-aggregations under dimension updates.    
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Platform Independent-Information System Dependant 
Database Replication 

Tatjana Stanković1, Milan Stanković2, Dragan Janković3 

 
Abstract – All well-known database replications are practically 

impossible in low-speed/low-band networks like modem  or even 
ADSL connections. Existing replication solutions are all platform 
dependant and applications independent. One different approach 
is presented in this paper. Described approach, like making 
replication dependant on information system and independent on 
database platform, showed that replication could work many 
times faster, and could be far more simple then existing 

Keywords:  Database replication 

I. INTRODUCTION 

Replication is the best way to copy data from one database 
to another. Its' exact purpose is coping data and database 
objects (views, stored procedures, etc) between servers [1]. 
Common replication between dislocated databases of one 
large company requires reliable high-speed Internet 
connections. Fortunately, there are many parts of the world 
not jet technically in the position for on-line netting. In our 
environments, for example, high-speed on-line Internet 
connections (like optical) can be very expensive for some 
companies. Modem connection is often the only way for 
linking such places. This happens to be a significant problem 
for companies that have their regional offices on such 
locations. How to transfer data from one company location to 
another, without manually exporting, copying files and 
importing data? How to avoid engagement of trained experts 
and database administrators in thins process? And why 
avoiding this way of data transferring? 

For the needs of small organizations, the way of transferring 
data mentioned above can be satisfied (a few exports-imports 
per day). But in large companies that have many tents or 
hundreds of DBMS servers, this way of transferring can take 
hundreds of business hours per day. The amount of data for 
transferring is often too large for mail, web upload, ftp, etc. 
And the last, but not the least, data transferred this way are 
usually packed into files that requires parsing and additional 
processing from the other side, what enlarges the cost of 
transfer by increasing time of importing.  

Example of organizations with replication problems in our 
environment are wholesale-retail trade companies, or public 
companies like Electic Power Industry. They usually have a 
great number of small regional offices all over the country. 
These companies organization structure can be modeled by n-
ary tree. The root of this tree is Central Organization Unit, 
1Tatjana Stanković and 3Dragan Janković are from Faculty of 
Electronic Engineering, Niš, {tanja, gaga}@elfak.ni.ac.yu 
3Milan Stanković is from POWERSOFT d.o.o. Nis, Serbia, 
milanst99@yahoo.com 

usually supporting the largest amount of processing and 
storing data. This unit hosts companies central DBMS. The 
other opened question according to these kinds of companies 
is: how to avoid an accumulation of unnecessary data on 
wayside servers? For quick and efficient business operations 
they only need parts of database relations.  

The goal of this paper is to define problem's features of large 
company's database replication that occurs in low-band/low-
speed network connections, and to propose one possible 
solution of this problem. The assumption of database 
replication problem referred to one large company with n-ary 
tree modeled organization structure is described in chapter 
two. Section three demonstrates the review of the most well-
known replication solutions, and the reasons why they can not 
be used in our environments. Section four proposes one 
possible database replication solution that operates in low-
band and low-speed network connections, and describes this 
solution's prototype implemented in one larger company in 
our market. 

II. TYPYCAL DBMS SERVER'S STRUCTURE OF 
LARGE ORGANIZATIONS 

The most common model of large companies’ organization 
structure is n-ry tree. The root of this tree represents Central 
Organization Unit that runs company politics and trading. The 
second level tree nodes usually correspond to the company's 
regional offices. Their children can be their stacks or markets, 
or some smaller regional offices again, etc. All variations 
according to node types are possible. Tree level number, 
theoretically unlimited, in practice it is usually 3-10 (Fig. 1). 

 
Fig. 1. Example of one company organization structure 

 
Data processing in such companies requires extremely high-
speed and reliable network resources, like optical links 
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between distant locations. In these cases the network 
infrastructure cost can be extremely large. So quick and 
reliable database replication, that does not demand such 
infrastructure, can significantly reduce company's expenses.  

DBMS server's structure does not necessary concur with 
company's organization structure. One DBMS is commonly 
responsible for data storing and data processing of one 
subtree. The existence of as less as possible DBMS servers is 
pretended to. One typical DBMS server's structure is 
represented in Fig. 2. 

The strongest demand for database replication is enounced 
between directly connected nodes of this structure. 
Company’s business dealing itself is represented in a way that 
regional offices need to have all data derived from their child 
nodes (because they play part of master-offices to child 
nodes), and to send them data according to their roles in the 
system. Central organization Unit need to dispose with data 
derived from all sub-trees of the organization structure. 
According to this, dataflow need to run from Central DBMS 
to the leaves and inversely, but strictly through the tree 
branches (because not any child organization unit can do 
business without master organization unit knowing for it). If 
there is a request for dataflow between nodes that are not 
directly connected, it will be processed through the shortest 
possible way between linked nodes (Fig. 2, dot-stroke line). 

 
Fig. 2. DBMS server's structure and dataflow 

III. WELL-KNOWN REPLICATION SOLUTIONS IN 
LOW-BAND/LOW-SPEED NETWORKS 

Let us give a quick review of well-known replication 
solutions like SQL Server’s and Oracle’s are. Comparing 
existing database replication solutions requires definition of 
three factors: 

1. Autonomy – the possibility of changing data on deferent 
servers. 

2. Latency – elapsed time before one server gets updates 
from another server. 

3. Consistency – equality of servers’ data. 

SQL Server provides three kinds of replication: Snapshot, 
Transactional, and Merge. The expert level of database 
administration is required by all three kinds. Three servers 

need to be set: Server Publisher, Server Subscriber and Server 
Distributor (One single SQL Server can play part of all three). 
Snapshot replication acts in the manner its name implies. 
The publisher simply takes a snapshot of the entire replicated 
database and shares it with the subscribers. Of course, this is a 
very time and resource-intensive process. For this reason, 
most administrators don’t use snapshot replication on a 
recurring basis for databases that change frequently [2]. It has 
medium latency, high consistency and high autonomy. 
Transactional replication offers a more flexible solution for 
databases that change on a regular basis. With transactional 
replication, the replication agent monitors the publisher for 
changes to the database and transmits those changes to the 
subscribers. This transmission can take place immediately or 
on a periodic basis. It requires high-speed and reliable 
network links and provides high consistency, low autonomy 
and medium latency. 
Merge replication allows the publisher and subscriber to 
independently make changes to the database. Both entities can 
work without an active network connection. When they are 
reconnected, the merge replication agent checks for changes 
on both sets of data and modifies each database accordingly. 
If changes conflict with each other, it uses a predefined 
conflict resolution algorithm to determine the appropriate 
data. Merge replication is commonly used by laptop users and 
others who can not be constantly connected to the publisher 
[2]. It provides the highest autonomy degree, great latency and 
the lowest consistency. 
In the conditions of low-band low-speed network connections, 
and frequently database changes (few hundreds inserts or 
updates per table), according to time of synchronization, 
neither of these SQL Server solutions provides satisfactory 
results. We must say that SQL Server replication is a fantastic 
piece of functionality but can lead to a database administration 
nightmare. Data conflicts are a common occurrence and 
require constant attention [3]. The third important reason for 
not using SQL Server replication in our environments is this: 
SQL Server additionally ballasts database with system relation 
and attributes added for replication. In some companies (in 
effort to avoid expenses) wayside database servers are 
ordinary PCs. This adding can significantly slow down 
system: for example, if you replicate one master server with 
20 child servers that means that every table taking part in the 
replication gets additional 20 fields. 
Oracle at first separates replication in synchronous (all 
database changes are propagated at once) and asynchronous 
(database changes propagated on demand). Oracle provides 
three kinds of replication: Multimaster, Snapshot, and 
Multimaster and Snapshot Hybrid Configuration [5]. 
Multimaster replication (also called peer-to-peer or n-way 
replication) allows multiple sites, acting as equal peers, to 
manage groups of replicated database objects. Each site in a 
multimaster replication environment is a master site. 
Applications can update any replicated table at any site in a 
multimaster configuration. Oracle database servers operating 
as master sites in a multimaster environment automatically 
work to converge the data of all table replicas and to ensure 
global transaction consistency and data integrity. 
Insufficiency: At times, you must stop all replication activity 
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for a master group so that you can perform certain 
administrative tasks on the master group. For example, you 
must stop all replication activity for a master group to issue 
data definition language (DDL) statements on any table in the 
group. 
A snapshot contains a complete or partial copy of a target 
master table from a single point in time. A snapshot may be 
read-only or updateable. All snapshots provide the following 
benefits: Enable local access, which improves response times 
and availability; Offload queries from the master site, because 
users can query the local snapshot instead; Increase data 
security by allowing you to replicate only a selected subset of 
the target master table's data set. To ensure that a snapshot is 
consistent with its master table, you need to refresh the 
snapshot periodically. Every table taking part in the snapshot 
replication on Oracle gets one snapshot log table. A snapshot 
log is a table that records all of the DML changes to a master 
table. Oracle Snapshot replication provides low (read-only) 
and high (updateable) autonomy, high latency and lower 
consistency comparing to Multimaster. 

Multimaster replication and snapshots can be combined in 
Hybrid or "mixed" configurations to meet different 
application requirements. Mixed configurations can have any 
number of master sites and multiple snapshot sites for each 
master. Replication conflicts are detected and resolved on 
master servers. Administration of this kind of replication 
requires highest Oracle experts. Autonomy, latency and 
consistency depend on the combination of multimaster and 
snapshot replication. 

In low-band/low-speed networks all these kinds of replication 
are difficult to set, to maintain, and finally to work properly 
(according to synchronization time). All jobs like logging data 
form transfer, resolving replication conflicts, and transferring 
data between servers, are leaved to the Replication Agents 
(programs or DBMS processes responsible for replication). 
Implementing and maintaining those kinds of replication 
requires high-experts teams, and significantly increases 
replication costs. 

IV. PLATFORM INDEPENDENT-INFORMATION 
SYSTEM DEPENDANT DATABASE REPLICATION 

PROTOTYPE 

After a few months of researching about world known 
replication solutions, and according to benefits as well as 
imperfections of those where implemented in inconvenient 
networking conditions, this papers authors decided to develop 
their own replication solution that would be satisfactory to the 
following requests: 

1. Short time of databases synchronization in low 
networking connections (even modems). 

2. Highest speed of databases synchronization in high-speed 
Internet connection. 

3. Reliable data filtering for transmission, in a way that one 
DMBS in the server tree stores and gets only data needed 
for that organization structure's branches, without any 
unnecessary data ballast. 

4. The simplicity of setting and maintaining. 
5. The simplicity of starting replication process, in a way 

that system users can do themselves. 
6. Minimal ballast of replicated databases with additional 

relations and attributes. 
7. Database platform independency. 
8. Central DBMS has to get all of companies’ data at the 

end. 

Part of the replication processes were moved to the authority 
of The Information System, according to the first request. In 
the way that existing replications work, replication its self is 
absolutely transparent to the applications. In our solution, 
every application of the System is aware of the servers tree, 
and replication between those servers. This step made 
replication system to become dependant of companies IS, but 
it contributed to solving request 1 and 7 from the list. This 
step needed a small intervention of companies IS (as long as 
IS was multi-layer system, i.e. it had separate data layer).    

This solution concept is: 

- Every database in DBMS servers structure gets only five 
additional tables for replication: 
1. Server table – stores information about DBMS server’s 
structure. The number of these tables’ rows is equal to the 
number of servers in the server’s tree. This table is the same in 
every database from DMBS’s tree. It is also replicated. 
2. Log table – table that stores every UPDATE, INSERT or 
DELETE statement executed on database, together with the 
current timestamp of their execution. 
3. Two additional tables that keep information of every 
synchronization moment with other servers connected to that 
particular server, one for sending and other for receiving data. 
4. Filter table – table that stores information about tables 
taking part in the replication. 

- Data is replicated in both directions. Taking over and 
forwarding data are two separate functional steps, so client 
does not need to wait double if he expects an important data 
transmission, he can only take over data. 

- Replication conflicts are avoided with primary key offsets. 
Every server in the servers tree has its key offset of 10 million 
keys per table. Central server has 100 million keys per table. 
This should be enough for a year in every company, but it can 
be modified according to the amount of company’s data. 
Information about key offsets are also stored in databases (and 
replicated), first table. 

- A great autonomy degree is provided, and control about 
grants over changing data is taken by IS. There are two 
replication agents. Rpull agent is client-agent that demands 
replication, and Rpush agent is server-agent that takes or 
forwards data. Those agents are placed on both sides of 
replication, and they communicate over TCP/IP through Win 
sockets, just like Internet browsers and servers (Fig. 3). They 
can be installed on any computer (not specially server). 
Server-agent is running as system service. It is listening for 
Client-agent’s demands on the particular port (determinated in 
advance) all the time.  
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- Database for replication is not determined in advance for 
Server-agent. Rpush agent gets information what database it is 
going to replicate, and where is that database, through the 
replication demand coming from Client agent. One Rpush 
agent can take care of many different replications at the same 
moment that way. 

DBMS DBMSRpush agent Rpull agent

Rpull agent DBMS

TCP/IP

TCP/IP

LAN 1 LAN 2

LAN 2
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Fig. 3. Communication between replication agents 

- Unlike other replication solutions, this one has data transit 
determined in advance. The pockets of data that circulates 
through the Network carries with them information about 
determination server. This information is initially stored by 
the Information System. For example, if one regional office 
sends merchandise to the other that is placed in another 
branch of the organization structure, the application (aware of 
the server’s tree existing) writes to log table address of 
determination server. Log table stores information about 
source server too, so that data could not be given back to the 
server that had it at first place (which could result in a 
replication conflict).  

- Agents work as following: when Rpull agent gets 
verification from Rpush agent that he is connected, it sends 
information about database he want to synchronize to. Rpush 
makes connection string to the wanted database, and sends 
confirmation. For example, Rpull wants to take data over from 
Rpush. Rpush agent selects all statements from log table in 
database according to the defined algorithm, and packs them 
to text file along with determination server information 
attached to every statement. File is then compressed and sent 
to the Rpull agent. When Rpull gets file, it extracts it, parses 
and simply executes statements. Rpull decides whether to log 
statements for further synchronization or not, according to the 
predefined algorithm. 

Described solution prototype was made by this paper’s 
authors. It has been tested for seven months in real conditions 
of one large company on our market. 51 companies DMBS 
server has been successfully connected in the server’s tree 
with this prototype (like presented in Picture 2). For the needs 
of Central server’s replication two Rpush agents were 
installed on two independent computers in LAN. 
Theoretically one Rpush agent could serve the unrestricted 
number of Rpull’s request at the moment, but we restricted it 
to five. After 7 month of testing and improving it, our 
solution’s prototype showed following performances: 1) about 
200 000 data changes or inserts are delivered to the Central 
server per day. One Rpull client asks for Rpush agents favors 

more then one time a day. One synchronization with one 
server’s subtree lasts for 2 (ADSL) to 10 (MODEM) minutes 
(depending on subtree’s business amount of data for that day). 
2) Replication conflicts are partially avoided by key offsets, 
and the other part is resolved in advance by Information 
System (taking care who can change what data). Considering 
that IS is fully aware of replication server’s tree existence, it 
has information about source server for every data row in 
database (according to primary key offset). So it is easy to IS 
to determine if someone can change some data. The solution 
showed excellent performance in replication conflicts, 
considering that there were no conflicts at all. 3) The solution 
performed great autonomy degree, high consistency, and 
medium latency. 

V. CONCLUSION 

Completely new approach to database replication is 
exposed in this paper, and it is based on dependency of 
Information System. The basic idea was: Why wait to come to 
replication and then make moves, why not taking care of 
replication in advance. In other words, why not make 
Applications while working to prepare data that can be used 
for database replication. Storing that data in the same database 
and few more steps made this replication solution completely 
independent on database platform. It can work on 
PostgreSQL, Oracle, SQL Server, MySQL, etc, but only with 
specialized IS.  

This paper exposes basic concept of replication solution 
projected and developed (prototype) after ten months of 
researching for satisfying existing solution. Researching and 
practical experience in applying described concept showed 
that proposed replication can seriously reduce one company’s 
expenses according to network infrastructure, and database 
administration, extremely in companies that have many small 
distinct regional offices. Anybody (does not need to be an 
expert) can perform such replication, because it was reduced 
to two button-clicks for common Information System users. 
We can conclude that making database replication dependant 
on applications made it extremely simple and quick for 
maintaining and performing, and made the minimum of 
additional ballast on databases themselves. Also, it made it 
Database Platform independent. That way, this kind of 
replication can be performed successfully on weak wayside 
database servers, and in low-speed/low-band network 
connections. 
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Human Performanse Measurement In Interaction With 
Computer 
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Abstract – Regarding different human perceptual, cognitive 
and motor abilities can lead to universally usable interface 
development.  

 In order to evaluate user performance in interaction with 
interface, we developed software tool for testing sensomotor 
abilities of user in human-computer interaction. Test concept 
allows program-led testing of the intent-group and precisely 
quantifies user performance. Every experimental result is just a 
piece of a mosaic in the human performance in interaction with 
information systems based on computers. 

In this study we obtained an efficient tool for graphical 
interpretation of the results, visual analyses of the tested groups 
averaged results, and easy creation of the user profiles.  

 
Keywords – HCI, User interface, Cognitive models, HCI testing 

tool, User profile. 

I.  INTRODUCTION  

Multidisciplinary nature of human-computer interaction 
requires contribution from different science disciplines; 
especially from computer science, cognitive psychology, 
social and organizational psychology, ergonomics and human 
factors, computer-aided design and engineering, artificial 
intelligence, linguistics, philosophy, sociology and 
anthropology. HCI can be defined as “a filed of study related 
to design, evaluation and implementation of interactive 
computer systems used by humans, which also includes 
research of the main phenomena that surround it” [1]. 

Main goal of HCI is to improve interaction between the 
user and the computer in order to make computers more user 
friendly and designed systems more usable. The most 
important element in HCI is user interface. User articulates his 
requests to the system via dialogue with the interface. 
Interface is the point at which human-computer interaction 
occurs. Physical interaction with end user is provided using 
hardware (input and output devices) and software interaction 
interface elements. 

II. COGNITIVE MODEL OF HCI  

Cognitive modeling provides a description of user in 
interaction with the computer system; it provides a model of 
user’s knowledge, understanding, intentions and mental 
processing. Description level differs form technique to 
technique and ranges from high-level goals and results 

regarding thinking about a problem all the way to the level of 
motor activities of the user such as pressing a key on a 
keyboard or a mouse click. Research of these techniques is 
done by psychologists, as well as computer science 
specialists. 

Classification of cognitive models is based on whether the 
focus is on the user and its task, or on transformation of the 
task into interaction language [1]: 
− Hierarchical presentation of user’s tasks and goals 

(GOMS model [2]); 
− Linguistic and grammar levels; 
− Models of physical level. 
Models of the physical level relate to human motor skills 

and describe user’s goals that are realizable in a short time 
period. An example is KLM model (Keystroke-Level Model) 
[3] used for determining user’s performance with a given 
interface. In this mode, the task of accomplishing a goal is 
given in two stages:  
− Task acquisition, during which user makes a mental 

picture of how to reach a given goal, and  
− Task performance using the system. 
Task acquisition closely connects KLM with GOMS level 

that gives an overview of the tasks for a given goal. By 
summing these time periods we get estimated time for 
completion of those tasks for a given goal. Precision of the 
KLM model depends on the experience of the designer, 
because he is required to make a realistic decision about the 
abilities of end user. Obviously, the development of high 
quality user interface is impossible without cognitive 
modeling and techniques. 

Interaction models are descriptions of user inputs, 
application actions and obtained outputs. Interaction models 
are based on formalisms, which ensure their implementation 
within interface development tools. 

In order to evaluate user performance as realistically as 
possible, we extend the interaction models (UAN, XUAN 
[4]). Extended model (XUAN/t – Extended User Action 
Notification per Time) treats equally the complexity of 
interactions, both from the system and from the user.  

III. TESTING COGNITIVE CHARACTERISTICS  

The classical methods of experimental psychology are 
under the constant development in order to cope with 
complicated cognitive tasks, specific to human interaction, on 
one side, and to computers on the other. The reliable and valid 
results of the interface performance rating can be achieved by 
observing the user efficiency through the repetitive 
assignment of similar tasks in similar environment conditions. 
The most important prerequisite to design an efficient 
interactive system is understanding cognitive and perceptual 
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abilities of the user [5-7]. Modern computer systems are based 
on human ability to fast interpret affection of sense organs and 
respond with a sequence of complex actions. In the short time 
intervals, measured in milliseconds, users perceive changes on 
their screens and react adequately. A lot of working duties is 
tightly bound to perception, so designers should be aware of 
the boundaries of human perception [8]. The eyesight is 
especially important because the speed of human reaction 
depends on various visual stimuli, such as the time to 
accommodate to a very bright or very dim light, ability to 
recognize the appropriate part of a context, determine the 
speed or route of the moving point, etc. Visual sense reacts 
differently to different colors depending on spectral 
boundaries and color sensibility. The other senses, like these 
of hearing and touch, are also important. Ability tests 
represent measure tools for special HCI characteristics. These 
tests are standardized procedures for special HCI activities. 
These activities are measured for each user in order to 
compare to other users results achieved under similar 
conditions. There are several steps during user-computer 
dialogue, which we grouped into sensory, cognitive and motor 
activities. Test construction is based on recognition of 
activities in user-computer interaction, prominent user 
characteristics and the measurement method of individual 
production results. Based on the described model and 
psychometric concepts, we developed software CASE tool for 
evaluation of human cognitive characteristics in interaction 
with the computer.  

IV. TESTING SENSORY ABILITIES 

Cognitive processes, which represent response to specific 
stimulation, are represented using visual-information 
processing model [9].  

Available information comes to special sensory register and 
remains in it about one second. Physical characteristics of the 
stimulation are determined at this level. After that, 
information is erased from the register (has been forgotten) or 
transferred into the short-time memory. At this level, some 
information has been lost, while the rest (along with 
information from long-time memory) has influence on user 
response. The goal of sensory ability tests (perception) is to 
determine reaction times of users to visual (TP1) and audio 
(TP2) stimuli. User’s abilities in domains of seeing, hearing 
and kinesthetic senses are tested. The test lasts 20 seconds, 
during which time user is stimulated with series of stochastic 
visual and auditory stimuli. User’s task is to react as quickly 
as possible by pressing a certain key (LIGHT-OFF, RINGER-
OFF), confirming registration of the tested stimuli. System 
registers time lapse between giving the stimuli and user’s 
response, as an evaluation parameter.  

In order to acquire HCI ability information from different 
user groups, we performed special tests on group of 234 users. 
The group includes n1=116 male and n2=118 female users. 
We performed statistical analysis on obtained results in 
average reaction time on visual as well as audio stimuli in 
order to discover statistically significant difference between 
different user groups. For statistically significant difference 
estimation we used Student’s t-test [11], which is based on 

average reaction time difference between two independent 
user groups (with limitation that n1+n2 should be greater than 
60). Hypothesis acceptance condition was that average 
reaction time difference between two independent user groups 
is significantly greater than standard average response time 
difference error. The standard average response time 
difference error for our test was 0.089419 sec. Obtained 
Student’s t-value can be interpreted using Student’s tables for 
limit t-values for chosen level of freedom n1+n2-2 (=232 in 
our case) and significant level (p=0.01, which means 99% of 
confidence).  

 
Average reaction time (sec) male and female  to 

visual  stimuli (TP 1)

0,593617022
0,522682423

0
0,1

0,2
0,3
0,4
0,5

0,6
0,7

female male
 

 
Fig.1. Average reaction time in sensory ability tests (visual 

stimuli) 
 
In case of visual stimuli (TP1), obtained Student’s t-value 

t=0.79 is less then limit value t=2.58, which means that there 
is no statistically significant difference between male and 
female users (Fig.1). The difference is effect of random 
variance, the samples belongs to the same basic set. 

V. TESTING PSYCHOMOTOR ABILITIES 

In order to articulate his demands, user utilizes certain 
interaction elements of user interface (hardware and 
software), which enable his physical interaction with the 
computer. In physical interaction with hardware device, user 
makes a voluntary activity, which is coordinated with visual 
senses (from the primary sensory zone) and kinesthetic senses 
(from the motor cortex). Kinesthetic senses provide muscle 
coordination and development of skills for performing 
different complex movements while working. The goal of 
psychomotor tests is to determine the precision in 
coordination, object manipulation, psychomotor orientation, 
reaction time, manipulation aptness and the ability of making 
visual-motor guesses.   First group of tests (PM), so called 
“CLICK-A-FIELD”, is aimed to probing psychomotor 
orientation, visual-motor guessing ability and coordinated 
manipulation of user-computer interaction tools, coordination 
of individual senses and body parts. Tests last 20 seconds, and 
user’s task is to click a field (1×1 cm), which cyclically, using 
random coordinate generator, appears on the screen. During 
the test, the system on-line continually registers times related 
to certain events (PRESS-MOUSE-BUTTON, RELEASE-
MOUSE-BUTTON) and connects them in database with the 
user and the test. After the event, RELEASE-MOUSE-
BUTTON field is erased form the screen and it appears at a 
new randomly generated coordinates. 
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Fig.2. Tests PM2 - field is highlighted red on the interface 
 
In order to determine the influence of different factors on 

user’s psychomotor characteristics we developed four 
different tests. The goals of these tests are the same, however: 
PM1 field on the interface is darker shade of gray than the 
background; PM2 field is highlighted red on the interface 
(Fig.2); in PM3 test the field is 1×3 cm on the interface; in 
PM4 test after RELEASE-MOUSE-BUTTON event a beep 
sound is given in order to provide audio stimuli. 

 

       
 

Fig.3. Test PM5 - “DRAG-ME” test 
 
For determining precision and ability of fast, easy, correct 

and coordinated manipulation of visual objects with 
interaction technique of dragging objects on the screen, we 
developed PM5 test (called “DRAG-ME”) (Fig.3). Test lasts 
20 seconds, and user’s task is to click on a red rectangular 
object on the screen and drag it into a rectangular window 
with red borders. After each attempt the object on the screen 
appears at a different randomly generated coordinate. System 
on-line registers successful attempts.  
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Fig.4. Average reaction time in psychomotor ability tests 
(psychomotor orientation) 

 
We performed statistical analysis on obtained results in 

psychomotor tests. But, in case of psychomotor orientation 
tests (PM), average response time was 1.51374 sec for male 
and 1.28926 sec for female users. Obtained t-value t=2.06 is 
greater than limit value t=1.96, which means (with 95% 
confidence, p<0,05) that there is statistically significant 
difference between male and female users (Fig.4).  
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Fig.5. Average time in psychomotor tests with small and 
significant contrast difference in button color 

 
Nevertheless, in case of psychomotor orientation tests with 

small (PM1) as well as significant (PM2) contrast difference 
in button color, average response time for entire testing 
population (both male and female users) was 1.39104 for PM1 
and 1.061 sec for PM2. Obtained t-value t=3.9567 is greater 
than limit value t=2.58, which means (with 99% confidence) 
that there is statistically significant difference in response time 
between cases with small and significant contrast difference in 
button color (Fig.5). 

VI. TESTING MEMORY ABILITIES 

Memory is information-process structure composed from 
three components: sensory, short-time and long-time memory 
[10]. All memory components are necessary for successful 
information memorizing.  Memory subsystem for sensory 
information deals with sensory representation of visual or 
audio event, which stimulates user sense during very short 
period. Short-time memory represents activity center in 
information processing system with limited capacity. In this 
zone, information comes from both sensory as well as long-
time memory subsystem [10]. Information in long-time 
memory is persistent with potentially unlimited capacity. 
Crucial characteristic of long-time memory is that 
information, which is memorized, may differ from the original 
information because of the experience as well as other 
information influence. 

The main goal of memory tests (TM1) is to investigate 
memory span through the ability of immediate reproduction of 
a series of elements after only one viewing of the series. This 
test is not time limited; it lasts until the first unsuccessful 
reproduction is made. User can see, in a certain time interval, 
series of randomly generated numerical signs of given length. 
Presentation time of the series is proportional to the length of 
series. User’s task is to reproduce the entire series 
successfully. This step is repeated with each series one sign 
longer. 

We also developed two more tests with the same scenario 
as TM1, with a certain difference: TM2 generated series are 
made of letter signs, and in TM3 the series are made with 
alphanumeric signs. 

System registers the longest length of successfully 
reproduced series as a memory span parameter. 
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We performed statistical analysis on obtained results in 
memory tests. We used randomly generated numbers with 
average length of 7.322 numerical signs (for TM1 test) and 
randomly generated signs with average length of 5.88 letter 
signs (for TM2 test) (Fig.6). Obtained t-value t=4.79 is greater 
than limit value t=2.58, which means (with 99% confidence) 
that there is statistically significant difference in average 
length of repeated sequence for numbers and letter signs. 
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Fig.6. Average length randomly generated signs in memory tests 

VII. CONCLUSIONS 

Understanding physical, intellectual and personal 
differences between potential users defines the level of 
understanding and fulfilling user needs. Regarding different 
human perceptual, cognitive and motor abilities can lead to 
universally usable interface development. Taking into account 
different aspects of user profiles confronts us with the 
challenges of physical, cognitive, perceptual, personal and 
cultural differences between users. In order to evaluate user 
performance in interaction with interface, we extend the 
concepts of existing interaction models. Based on the 
described model and psychometric concepts we developed 
software tool for testing sensomotor abilities of user in 
human-computer interaction. Test concept allows program-led 
testing of the intent-group and precisely quantifies user 
performance. 

 

 
 

Fig. 7. Graphical interpretation of user profile for smokers and 
nonsmokers 

 
In this study we obtained an efficient tool for making user 

profiles (Fig.7). The software tool enables graphical 

interpretation of the results, more on the statistical capabilities 
(Fig.8), visual analyses of the tested groups averaged results, 
and easy creation of the user profiles.   

 

 
 

Fig. 8. Representation of the CASE Tool statistical capabilities 
 
Differentiation of tested users is utilized to determine 

compatibility of individual interaction models with given 
intent-groups. Qualitative result analysis provides 
recommendations for design of individual interface parts, 
which are useful for the intent-group for which it is designed. 

A future works can be based on extending a set of user 
characteristics which qualify perceptual and motoric 
performance, extending a set of tests using different 
interaction techniques. 

REFERENCES 

[1] Dix, A., Finlay, J., Abowd, G., Beale, R., Human-Computer 
Interaction, 2nd ed. Prentice Hall Europe, 1998.  

[2] Kieras, D. E, Arbor, A., Towards a Practical GOMS Model 
Methodology for User Interface Design, In M. Helander: 
Handbook of Human-Computer Interaction, Elsevier Science 
Publishers B. V. (North Holland), 1988, pp. 135-202. 

[3] Card, S. K., Moran, T. P., Newell, A., The Keystroke-Level 
Model for user performance with interactive systems, 
Communications of the ACM, vol. 23, 1980, pp. 396-410.  

[4] Harrison, M. D., Duke, D. J., A review of formalisms for 
describing interactive behavior, In the Software Engineering 
and Human-Computer Interaction – Notes in Computer Science, 
vol. (896), Springer-Verlag, 1995, pp. 49-75.  

[5] Wickens, D., Hollands, G., Engineering Psychology and Human 
Performance, Prentice-Hall, Englewood Cliffs, NJ, 2004. 

[6] Ashcraft, M. H., Cognition, Third Edition, Prentice-Hall, 
Englewood Cliffs, NJ, 2001.  

[7] Goldstein, E. B., Sensation and Perception: 6th Edition, 
Wadsworth Publishing, Pacific Grove, CA, 2002.  

[8] Ware, C., Information Visualization: Perception for Design, 2nd 
edition, Morgan Kaufmann Publishers, San Francisco, CA, 
2004.  

[9] Atkinson R. C., Shiffrin, R. M., Human Memory: a proposed 
system and its control processes, In: K. W. Spence and J. T. 
Spence (eds.): The Psychology of Learning and Motivation, vol. 
2, New York, Academic Press, 1968, pp. 89-195.  

[10] Sperling, G. A.: A model for visual memory tasks, Human 
Factors, 5, 1963, pp. 19-31.  

[11] Spiegel, M. R., Theory and Problems of Probability and 
Statistics, New York: McGraw-Hill, 1992. 

 



 
 
 
 
 
 
 
 
 

Session CIT: 
 
 

 
 
 
 

COMPUTER SYSTEMS AND INTERNET 
TECHNOLOGIES 



 



 

Responsive Pricing Model with Fixed Bandwidth Usage 
for the Next Generation Internet 

Vesna Radonjić and Vladanka Aćimović Raspopović1 

Abstract – In this paper we present a model for incorporating 
responsive pricing scheme in the next generation Internet. We 
developed an algorithm based on Stackelberg game model with 
users competing for the fixed bandwidth and the network 
adjusting the bandwidth price to maximize both its revenue 
generated from the users and the total user utility. We founded 
optimal prices for each service class in the network with 
differentiated services architecture. 
 

Keywords – Next generation Internet, Responsive pricing, User 
utility, Stackelberg game. 

I. INTRODUCTION 

Pricing issue occupies center stage in the current Internet. 
Apart from its principal function of revenue generation, 
pricing also serves as a fairly low dimensional control 
parameter to optimize system properties and control network 
congestion [1], [2], [3], [4]. Pricing was also found to be very 
helpful for encouraging quality of service (QoS) 
differentiation. 

The main idea of all pricing schemes is to stimulate users to 
behave in a way that improves total network utilization and 
network performance. Economists have traditionally 
employed game theory to analyze the behavior of users in 
markets regulated by supply and demand. The users are 
modeled as rational agents striving to maximize their 
individual utility functions. In the case of the Internet, users 
are computing machines interacting with each other through 
dedicated communication channels. 

It is considered that the introduction of the next generation 
network (NGN) will result in changes to the existing pricing 
concepts. In this paper we propose a responsive pricing model 
for utility differentiated users operating in a connection 
oriented setting, such as proposed for the next generation 
Internet. Pricing issue is treated as an optimization problem 
with network and users behaving as Stackelberg leader and 
followers. 

The paper is organized in the following way. In Section 2 
we briefly discuss NGN requirements for pricing, the pricing 
role in service differentiation and responsive pricing scheme. 
In Section 3 both users’ and network optimization problems 
are presented and the pricing algorithm for solving these 
problems is proposed. In Section 4 simulation results are 
presented and analized. Conclusion is given in the Section 5. 

II. PRICING FOR THE NEXT GENERATION INTERNET  

A. Pricing Issue in the Next Generation Network 

The NGN concept takes into consideration new realities in 
the telecommunication industry characterised by factors such 
as: the need to converge and optimise the operating networks 
and the extraordinary expansion of digital traffic. The 
evolution of networks to NGNs must allow the continuity of, 
and interoperability with, existing networks while in parallel 
enabling the implementation of new capabilities [5]. 

It is considered that a pricing issue will occupy center stage 
in the NGN. NGN requirements for pricing are summarised 
below: 
• Accounting functions, off-line (i.e. post processing) and 

on-line charging (i.e. charging during the session), shall 
be available. 

• Open mechanisms should be available for charging and 
billing management. 

• Various charging and billing policies should be 
supported (e.g. fixed rate charging and usage based per-
session charging and billing). 

• Accounting functions should support services with 
multicast functionality. The accounting functions should 
be able to report which user received which information 
as well as session start and stop times. 

• The NGN should enable all possible types of accounting 
arrangements, including transfer of billing information 
between providers. 

B. Quality of Service Differentiation 

The need for a mechanism designed to encourage a socially 
optimal solution wherein high value bits would be given 
preference over others has led to the idea of providing QoS in 
the Internet. The QoS paradigm require a network that could 
carry out service differentiation with packets serviced 
depending upon their value. But incentives were necessary to 
prevent users from inflating their packet values and requesting 
better services. Price discrimination of services was found to 
be ideal for encouraging service differentiation with the 
associated revenues paying for any needed network 
expansions. It is suggested that the basic best-effort 
architecture be left intact with QoS schemes solely reserved 
for resource intensive high quality real-time services. 

Congestion can be alleviated by a usage based scheme with 
users getting charged for the amount of traffic they consume. 
For maintaining social optimality these charges would have to 
be set equal to the marginal cost of usage. Since bandwidth 
scarcity occurs only during congestion, this marginal cost 
essentially the same as the congestion cost. The notion of 
congestion pricing was developed to account for the social 
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costs imposed by the user on the rest of the population during 
periods of congestion. 

C. Responsive pricing scheme 

The responsive pricing concept describes a dynamic price-
setting strategy imposed by the network, illustrating how the 
network can exploit the adaptive nature of users to increase 
economic and network efficiency. Price is emphasized as an 
alternative means for congestion control to ensure proper 
network operation and in particular to guarantee different 
service levels. 

Responsive pricing is based on the assumption that users 
are adaptive and respond to price signals [6]. In case of high 
network utilization, resources are stressed and the network 
increases the prices for the resources. Adaptive users then 
reduce the traffic offered to the network. Similary, in case of 
low network utilization, the network decreases the price and 
adaptive users increases their offered traffic. In this scheme, 
both network and economic efficiency are increased. 

III. STACKELBERG GAME BETWEEN USERS AND 
NETWORK 

A. User utility function  

Pricing issue is treated as an optimization problem with 
network and users behaving as Stackelberg leader and 
followers [7], [8], [9]. Users respond to price per unit 
bandwidth imposed by the network, demanding bandwidth 
according to their individual utility functions. The solution of 
the problem encompasses the optimal bandwidth allocation 
and the optimal price for that allocation. 

QoS requirements induce each user  to request a 
bandwidth of 

i

i
θ  from the network. The network employs a 

usage based pricing policy by charging M  per u t bandwidth 
consumed. Both the network and the users are rational, profit 
maximizing entities. Further they are assumed to be 
noncooperative and refuse to reveal their utility functions to 
one another in the fear of being exploited. 

ni

Since users are observed as entities designed to maximize 
their individual utilities, it is important to develop a utility 
function to model user behavior. This is a generalization of 
the popular logarithmic function employed, tailored for a 
connection oriented setting. QoS is defined by bandwidth 
obtained from the network. Depending upon the quality of 
service requested, each user would require a minimum 
bandwidth γ . Fewer bandwidth than γ  on average are of no 
utility to the user. The law of diminishing marginal utility 
ensures that the user derives the same amount of satisfaction 
from any bandwidth more than the maximum π  (Figure 1). 

It is considered that the user is willing to pay a maximum 
 per bandwidth per service class per unit time. When the 

network price 
m

M  equals the maximal price , the user will 
desire only the minimum acceptable bandwidth, 

m
γ . Any price 

beyond the maximal price reduces the user's desired 
bandwidth to zero. Over the interval mγ π M m≤≤  the 
desired bandwidth θ  decreases logaritmic with price with π . 

Dependence of desired bandwidth with price for arbitrarily 
choosen user is shown on Figure 1.  

 
Fig. 1: Desired bandwidth 

According to [10], user utility function can be shown to be: 

( ) ( )( )
( )( )

, if 0

log / 1, if

log / 1, if

m

U m

m

θ θ γ

θ γ θ γ γ θ

γ π γ π θ

≤ ≤

π= + < ≤

+ <

⎧
⎪
⎨
⎪⎩

                     (1) 

This utility function (Figure 2) is concave and 
nondecreasing. Also, U  is strictly increasing on [ )0,∞  only 
when π → ∞ . The case of users that can't tolerate loss, but 
can postpone traffic (elastic users) can be recovered by setting 

0γ =  and π → ∞ , thereby rendering U strictly concave on 

[ )0,∞ . Therefore, the utility function  encompasses a wider 
spectrum of user behavior by incorporating the range of user 
bandwidth requested. 

 
Fig. 2: User utility as a function of bandwidth 

We suppose that the shape of these functions (shown in 
Figures 1 and 2) is the same for all users, but parameters γ , 
π  and  are different. m

Ideally any resource allocation between competing users 
should ensure that the total user utility is maximized. The 
optimal bandwidth allocation is obtained by solving problem: 

( )
1

max
N

i i
i

U θ
Θ =

∑ , 
1

N

i
i

Cθ
=

≤∑                                       (2) 

Because of the noncooperative setting assumption, we need 
to develope a distributed algorithm which can be used by each 
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user to update its spectrum allocation without revealing utility 
information to other users or the network. In practice, the user 
will try to choose its throughput θ  so as to maximize its net 
benefit (i.e., utility minus cost), ( )U Mθ θ− . Thus individual 
users can solve the simpler problem: 

( )max
i

i iU M
θ

iθ θ−                                                  (3) 

The value of θ  maximizing utility function (under 
conditions 0 M m≤≤  and γ θ π≤ ≤ ) is: 

( )*
m

M
M

γ
θ = .                                                      (4) 

On the other hand, the network's utility  depends 
on the total revenue generated and hence is a function of the 
market price and the bandwidth allocated to the various users. 
It is assumed to be monotonically increasing and strictly 
concave. The network chooses an appropriate market price by 
solving the optimization problem: 

(T M ,Θ)

)( ) (( )1max , * N
ii

M
T M T M Mθ=Θ ≡ ∑  

( )1max N
ii

M
M Mθ=∑ ,                           (5) 

1

,
N

i
i

C Mθ
=

≤ ≥∑ 0

π ≤

User’s utility function can also be shown as a function of 
price. Substituting (2) in (1) for a previous condition, we 
obtain: 

( ) ( )( )log / 1 if /U M m m M m M mγ γ= + ≤        (6) 
In Figure 3, user’s utility as a function of price, for an 

arbitrary user, is presented. 

 
Fig. 3: User’s utility as a function of price 

This scenario reduces to a Stackelberg game with the 
network being the leader and the users acting as followers. 
The network initializes its algorithm by assigning an initial 
price 0M  randomly or based on historical data. 

B. Pricing algorithm 

We developed an algorithm for the responsive pricing 
scheme where users are charged for fixed bandwidth usage. 
Prices optimization is performed for each service class in a 
network employing differentiated QoS model. A single 
critical resource link in a communication network is 

information.

considered. We assumed existence of the perfect 

1 On the observed link, the total number of users 
is N . Algorithm consists of S  rounds and in each round s , 

sl  iterations are perform d, where 1 2e s , , S= K . Each round 
s  consists of the following iterativ
Step 1: For the fixed bandwidth 

e steps: 

jθ , provided to every 
service j  class user, network price is proposed by the 

network: 0s
jM  for 1s =  and ( )0 min 1s sM k Mj s j

−= , where  
min( 1)sM j

−  is a minimal considered pric  a circle 

1

e for class j  in

s −  for 2 3s , , S= K  and 0 0sM > . 

Step 2: F  the price 0

j

or s
jM , each user  independently i

calculates desired bandwidth for a desired class of service j , 
0s
ijθ ; 1j , J= , 1i , N= . 

Step 3: After his needs, user  chooses one class  and is  i  j

willing to pay 0s
jM  for service of choosen class if 0s

ij jθ θ≤ ; 

user i  is not willing to pay 0s
jM  for the same service if 

0s
ij jθ θ>  and he applies for a service of class j '  such that 
0s
ij ' j 'θ θ≤  and { }0 0 0

1
s s smax ,θ θ θ= K ; ij ' i iJ 1j ' , J , j ' j= ≠ . 

Step 4: For each class late  we calcu 0s
j jN θj , where 0s

jN  is 

the number of users such that 0s
ij jθ θ≤ , 1j , J= . 

Step 5: If 0J sN Cθ∑ , total su1 j jj ek= < ms 

( )0 0 0 0
1

Js s s s
j jM N=j= ∑T M  and ( )0N J

1 1
s

ijU M∑  are 

prices for each class j , 1

i j= =∑
calculated; after that, new s

jM  are 

calculated: 1 0 0 1s sM kM , kj j= < <  and it crosses over to a 

new iteratio 0n with new prices 1s s
j jM M< . 

Step 6: If 0J sN Cθ >∑ , t e network seth  prices, 1s
jM1j= j j  for 

each class 0 1s s , kj , 1
j jM kM= >  and it crosses over to a new 

iteration with n 1 0ew prices s s
j jM M> . 

Step 7: If J sk C N Cθ0
1e j jj=≤ ≤∑ , it crosses over to a new 

circle 1s + . 
The network initializes its algorithm by assigning initial 

prices based on historical data. In the each next step, initial 
prices are decreased by factor sk , so in the circle ( )1s + : 

1s sk rk+ = , 0 8 1. r≤ < . C  is the tal capacity of the critical 

or  high level of utilization of total 

capacity C  and 0 95 1e. k

 to

link. Fact  ek  points to 

≤ ≤ . After S  circles, diagrams T  

                                                 
1 Perfect information is understood as all the users are aware of each others 
arrival rates. 
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orand U  f  values θ  and M  satisfyin  condition lsg j j

U  reach

he pricing 

N C≤  
are created. The poi both functions T  and  
the maximum gives optimal prices. 

IV. SIMULATION

nt where 

 RESULTS
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For the purpose of carring out simulation o

gorithm, we developed software in C Sharp. In figure 4, 
application for determining optimal price maximizing total 
network revenue and total users utility on critical network link 
is presented. Total network revenue and total users’ utility 
graphes for one simulation based on chosen parameters in 
aplication in Figure 4, are shown in Figure 5. According to 
Figure 5, optimal price and total network revenue for that 
price can also be determined. 

 
Fig. 4: icin rithm applicat Pr g algo ion 
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ba

control and traffic management. The 
ad

e researching projects supported 
by Serbian Minist ental Protection. 

Pricing Concepts for Broadband IP Networks”, IEEE 
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 Output
After a number of simulations, we ca  
at for fixed number of users the marginal value of total 

network capacity of the critical link can be determined. 
Increasing that value network revenue doesn’t increase. 
Future research will encompass analysis of economic 
profitability in function of critical network link capacity. 

V. CONCLUSION 
This paper describe one possibility for implemen

ricing scheme in the next gener
n algorithm where users are 

ndwidth usage. Prices optimization is performed for several 
service classes in a network employing differentiated QoS 
model. Pricing issue is treated as an optimization problem 
with network and users behaving as Stackelberg leader and 
followers. We verified the proposed model through simulation 
with software solution. 

The important advantage of presented pricing model 
ensures a high level of network utilization. That can be 
achieved by congestion 

vantage is also in stimulation each user to choose the level 
of service to be charged for and network considering users 
preferences. For solving that problem, Stackelberg game with 
the network being a leader and the users acting as followers 
proved to be a good scenario. 
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A Common Framework for Inter-Provider IP Quality of 
Service Specification 

Slavica V. Bostjancic1, Valentina V. Timcenko2, Mirjana D. Stojanovic3 

 

Abstract – In this paper, we propose a framework for inter-
provider Quality of Service (QoS) specification in an all-IP 
environment. The framework encompasses service level 
specification format and conformance matching rules. Proposed 
specification format allows administrators to describe service 
classes in their own domains independently of the network 
technology and the applied QoS model. We further define and 
investigate a conformance matching scheme (CMS). The 
objective of CMS is to assess the degree of correspondence 
between the required and offered QoS at the network-to-network 
interface. Additionally we present numerical example that 
demonstrates operating of proposed framework.    

Keywords – All-IP network, Conformance matching, Quality 
of Service, Service Level Specification.  

I. INTRODUCTION 

The term “All-IP Network (AIPN)” refers to an IP based 
telecommunication network backbone and different access 
networks. New environment encompasses a set of 
independently administered domains, each providing different 
Quality of Service (QoS) model, such as Differentiated 
Services (DiffServ [1]) for core network, Integrated Services 
(IntServ, RFC 1633) for wired access network, services 
defined for the Universal Mobile Telecommunication System 
(UMTS [2]), etc. 

 Providing different QoS levels requires alteration of 
traditional static IP service negotiation approach in the sense 
of more frequent QoS renegotiation, due to changes of 
network resource state. Standardization of the Service Level 
Specification (SLS) is a prerequisite for dynamic QoS 
negotiation between the Internet Service Providers (ISPs), and 
it can facilitate a high level of network management 
automation. 

SLS defines technical aspects of service and together with 
financial and legal aspects related with particular service 
builds a Service Level Agreement (SLA). Interoperability in a 
multi-domain network assumes mapping of service classes 
and their associated QoS parameters at domain boundaries. 
For that purpose, unification of SLS format is required [3-6]. 
In the past few years, a lot of research work has been  focused  
towards  solving  that  problem  and  resulted in 
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different proposals of SLS formats and QoS mapping. For 
example, Generic Service Specification (GSS) model [7] 
proposes a format of service level specification and an 
intelligent mapping algorithm. The algorithm takes into 
consideration every SLS parameter, which is previously 
marked (by user) with one of 11 weights. Parameter weight 
actually represents its relevance for achieving required QoS.  
Based on comparison of weighted parameter values with the 
ones available in particular network, the algorithm at the 
output generates selected service class together with the 
associated degree of correspondence with the required service 
level.  

This paper addresses problem of QoS negotiation and 
mapping in AIPN environment at "network-to-network" 
interfaces. We propose a common framework for inter-
provider IP QoS Specification which encompasses SLS 
format and Conformance Matching Scheme (CMS). The aim 
of the proposed model is to express QoS requirements by 
means of common format and to define an efficient mapping 
of QoS parameters at domain boundaries, in the sense of 
minimum resource and time consumption. In order to avoid 
exhaustive computations, we assume coarser granularity of 
weighting factors, i.e. each parameter can be mandatory, 
preferential or not relevant. Further, if two or more classes 
satisfy the required QoS, the CMS forces selection of the class 
that most tightly matches with the required SLS. For example, 
if medium delay is mandatory required, CMS will select a 
class with medium delay, rather than class with low delay, 
thus preserving the overall resource consumption for each 
class. Finally, in addition to calculating the overall degree of 
correspondence, CMS defines minimum threshold for each 
mapped value, with the objective to assure satisfying degree 
of correspondence for each mandatory parameter.  

II. FRAMEWORK FOR END-TO-END QOS 
PROVISIONING 

End-to-end QoS provisioning implies existing of traffic 
control and resource management in each domain that end-to-
end path traverses. Each QoS model defines its own 
mechanisms and parameters for traffic control and resource 
management, depending on applied service classification. It 
also defines a set of classes to which traffic with similar QoS 
requirements is grouped. Every service class defines specific 
combination of limitations of performance metrics and 
provides specific packets forwarding behavior. 

End-to-end QoS provisioning assumes mapping of QoS 
requirements between different types of network and QoS 
models. The main prerequisite for interworking is unification 
of QoS representation (SLS). 
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Proposed framework for inter-provider IP QoS 
specification consists of SLS format and CMS. Using this 
format administrator is able to define service classes in its 
own domain, which is prerequisite for enabling CMS. CMS at 
edge routers executes conformance check to find most 
suitable class for ingress traffic flow that will provide 
requested end-to-end QoS performance.  

Fig. 1 illustrates an example of SLS coordination and QoS 
mapping in a two-domain network. The User A negotiates 
SLA 1 with the UMTS provider and requests a connection 
with the DiffServ (user B) for sending of flow with certain 
QoS parameters and traffic profile. 

The UMTS provider checks its own resources and 
negotiates SLA 2 with the DiffServ provider. Every SLA 
negotiation implies QoS mapping, i.e., parameters from SLS 1 
are mapped to corresponding parameters in SLS 2. 

The Third Generation Partnership (3GPP) defines four 
service classes for the UMTS [2]: 1) conversational service, 
intended for very critical real time applications like Voice 
over IP (VoIP); (2) streaming service, designed for 
asymmetric continuous traffic flows like video streaming; (3) 
interactive service, proposed for asymmetric interactive 
applications that require certain delay guarantees, like 
searching engines and (4) background service, intended for 
delay insensitive applications like e-mail.  

The DiffServ model defines two Per Hop Behaviours 
(PHBs) besides best effort:  the Expedited Forwarding (EF 
PHB) and the Assured Forwarding (AF PHB). EF PHB is a 
guaranteed peak rate service, which is optimized for very 
regular traffic patterns and offers small or no queuing delay. 
AF PHB relies on statistical QoS provisioning and may define 
a number of service classes with different levels of packet 
drop precedence inside each class. IETF defines four classes 
of AF PHB (AF1 – AF4), each with maximum three levels of 
packet drop precedence [8]. 

 

Network 2
DiffServ

QoS conformance 
(UMTS - DiffServ)

Network 1
UMTS

SLA 1 SLA 2

Network-to-Network Interface (NNI):
SLA coordination  

Mapping of QoS policy 
Reclassification

Traffic conditioning

Service classes:
Conversational  
Streaming
Interactive
Background

 Service classes:
 EF
 AF1
 AF2
 AF3
 AF4
Best effort

User A User B

 
Fig. 1.  An example of end-to-end QoS provisioning  

 
A single performance metric μi in domain i maps to the 

corresponding metric μi+1 depending on metric type and 
considering its maximum value  between the ingress 
and egress router of domain i. Equations (1), (2) and (3) stand 
for additive, multiplicative and concave metrics, respectively.   

,maxiμ
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1
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i
i

μ
μ
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−
= −

−
,                          (2)  

                               .           (3)         1 ,min{ , }i iμ μ μ+ = maxi

Typical examples of additive metrics are delay, jitter and 
round trip delay; packet loss ratio is implicitly multiplicative 
metric, while bit rate, burstiness and packet size are examples 
of concave metrics. 

III. SERVICE LEVEL SPECIFICATION FORMAT 

The Internet Engineering Task Force (IETF) defines SLS as 
"a set of parameters and their values which together define the 
service offered to a traffic stream" [9].  

A standard for the SLS format is still missing, as well as a 
recommendation for formal descriptive language that should 
be used for representation of SLS.  

Fig. 2 represents a proposal of formal service level 
specification. It encompasses descriptors and associated 
parameters that unambiguously describe traffic flow and QoS 
requirements. Since QoS is negotiated between service 
providers, relevant SLS parameters should be expressed 
quantitatively rather than qualitatively. Parameter is not 
specified if its value is not relevant for specific service class.  

We adopt the following syntax for purpose of formal SLS 
description:    
Descriptor:   
- Parameter: <option 1> <option 2> 
 

Beginning of SLS: 
 Traffic flow:   

- Communication type: <1→1> <1→N> <N→N>  
- Addresses: <source and destination addresses>  
- Interfaces: <source and destination port IDs> 
- Transport protocol: <TCP> <UDP> <RTP> ...  

 Traffic profile: 
- Packet size: <minimum> <average> <maximum>  
- Bit rate: <peak> <average> 
- Burstiness: <peak> <average> 
- Time To Live: <value> 
- Adaptability: <elastic> <non-elastic> <no> 
- Excess traffic: <dropping> <re-marking>  
                  <shaping> 

 Performance metrics: 
- Maximum delay: <value> <not specified>  
- Maximum round trip delay: <value>  
                            <not specified>  
- Maximum jitter <value> <not specified> 
- Maximum packets loss probability:<value>  
                                   <not specified> 

 Reliability: 
- MTBF <value> <not specified>  
- MTTR <value> <not specified>   

 Availability: <value> 
 Service schedule:  

    <day/beginning – end of period> <7days/24h>  
 Service re-negotiation: <yes> <no>  
End of SLS 

Fig. 2. Proposal of the common SLS format 
 
Descriptor of the individual traffic flow encompasses the 

type of communication and 5-tupple in the IP packet header 
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(source and destination addresses, port numbers and transport 
protocol type). Traffic profile descriptor includes: packet size, 
bit rate, burst size, TTL (Time To Live), adaptability and 
treatment of the excess traffic. Adaptability denotes the ability 
of application to adjust bandwidth consumption to network 
conditions. If adaptive, ingress flow can be elastic or non-
elastic. Elastic flow can tolerate certain delay variations but 
poses strict requirements with respect to low packet loss. Non-
elastic flow can tolerate certain degree of packet loss, but 
implies strict requirements in the sense of delay guarantees.  
Treatment of the excess traffic refers to dropping, re-marking 
or shaping of the traffic that exceeds negotiated profile. 
Performance descriptor encompasses performance metrics 
like: delay, round trip delay, jitter and packet loss probability 
(all values are defined from ingress to egress point). 
Availability descriptor describes percentage of total time of 
service availability. Reliability descriptor encompasses 
parameters like mean time between failures (MTBF) and 
mean time to repair (MTTR). Service scheduling descriptor 
specifies time interval in which the service is available. QoS 
renegotiation descriptor explicitly defines whether 
administrator is allowed to offer service of worse 
characteristics if the network can not meet user’s 
requirements.  

For purpose of parameters mapping, priority is assigned to 
each SLS parameter, i.e. it is mandatory, preferential or 
irrelevant. Mandatory parameters must be satisfied during 
mapping. Preferential parameters are analyzed if CMS gives 
more then one class at its output, with the aim to facilitate 
proper choice of class. Irrelevant parameters are ignored 
during conformance matching.    

IV. CONFORMANCE MATCHING SCHEME – CMS  

CMS is an algorithm that provides mapping of QoS 
parameters between neighboring domains that focuses on 
satisfying mandatory SLS parameters, with minimum resource 
and time consumption.   

Inter-domain QoS mapping by means of CMS assumes that 
administrators use previously described SLS format for 
detailed characterization of each service class in their own 
domains.  

Fig. 3 presents CMS algorithm described using XML 
(Extensible Markup Language) language. 

CMS performs automatic selection of the appropriate 
service class. The input parameters for the CMS are SLS and 
specification of all service classes that are available in 
particular network. CMS establishes the most appropriate 
degree of correspondence (DC) between the requirements for 
particular session and a class from the available set of service 
classes. DC is a function of required SLS parameter and 
offered parameter of considered class in ingress domain: 

                   ,                (4) ( , 1) ( 1)( ) ( , )n
i i req off iDC fμ μ μ+ += n

where μ is considered SLS parameter, reqμ  represents 

required value of SLS parameter in egress domain and ( 1)

n

off iμ
+

 
is a value of offered parameter of class n in ingress domain. 

CMS extracts a set of mandatory parameters from particular 
SLS and then retrieves the set of available service classes to 
select candidate classes, i.e. classes that satisfy the set of 
required values with some degree of correspondence. DC 
value of mandatory parameters for each candidate class is 
calculated according to:  

                              ( , 1)
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i i n

off i
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μ
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=                          (5) 

 
 <CorespondenceMatchingScheme> 
  <DegreeOfCorrespondenceCalculation> 
    <find mandatory parameters> => <mi1,.., miX> 
    <find candidate classes> => <Ci,..Ck> 

<for each candidate class n, >  {1, ..., }n k∈
<calculate DC values for selected parameters> => 
 <DCn(mi1),..,DCn(miX)> 
    <compare DC values to predefined threshold value TR> 
      if(DCn(mi))<TR){ 
      DCn=0 
      n=n+1 
    <calculate DCn(mi) for the next class> 
   }else{ 
      < calculate sum of DCn(mi1),...DCn(miX)> => <DCn> 
   } 
  <find maximum DCn> => <DCn_max> 
     if(there is more than one identical DCn_max){ 
        <find preferential parameters> => <mi1,.., miY> 
        <calculate DC for preferential parameters> => 
        <DCn(mi1),...DCn(miy)> 
          <calculate sum of  DCn(mi1),...DCn(miY)> => <DCn> 
          <find maximum DCn> => <DCn_max> 
          <selected class=n>  
    }else{ 
      <selected class=n>  
} 
     <class n is recommended for SLS negotiation> 

  </DegreeOfCorrespondenceCalculation> 
</CorespondenceMatchingScheme> 

Fig. 3. QoS translation according to CMS 
 
If any of DC values is lower then predefined threshold 

value, CMS eliminates this class from further consideration by 
setting its ( , 1)

n
i iDC +  to zero and continues to analyze next 

candidate class. The purpose of the threshold is to restrict the 
set of candidate classes to those with satisfying values of all 
mandatory parameters. After all candidate classes have been 
analyzed an overall DC value for each class is calculated 
according to:   

                      ( , 1) ( , 1)
1

( )
m

n n
i i i i j

j

DC DC μ+ +
=

= ∑ ,                      (6) 

where m is number of mandatory parameters. 
After determination of  for each candidate class, 

the offered class is selected according to:  
( , 1)
n
i iDC +

1
( , 1) ( , 1)of offered class min{ ,..., }n
i i i iDC DC DCm m+ += − − ,    (7) 

Usually, CMS algorithm generates one class that 
corresponds best to required mandatory parameters; however 
sometimes two or even more classes can have the same DC 
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effort  satisfy the required threshold value (tr=0.6), while AF3  value. In that case, CMS calculates DC values of preferential 
parameters for each of concurrent classes and then the 
maximum DC value of preferential parameters determines 
class that gives the best correspondence to required SLS 
parameters. Calculation of DC values of preferential 
parameters is also performed according to Eqs. (5) - (7).  

and AF4 show perfect DC match. Now, since there are two 
classes with equal DC values, CMS calculates DC values of 
preferential parameter (D) for those two classes and obtains 
0.75 for AF3 and 0.6 for AF4. Hence, according to Eq. (7), 
the selected class is AF3. Fig. 4 illustrates the process of class 
selection.  

V. OPERATING OF CMS: A NUMERICAL EXAMPLE 
VI.  CONCLUSION 

Let us now reconsider the example from Fig. 1 and suppose 
a distributed data base application which negotiates SLA 1 
with the UMTS provider. Suppose that SLS 1 requirements 
for packet loss probability and delay are PLP1=1s and 
D1=2*10–3, respectively. PLP is mandatory parameter, while 
D is preferential parameter. According to class specification 
from Table I, this traffic flow is associated to interactive class 
of UMTS domain.   

This paper addresses QoS mapping in AIPN environment at 
network-to-network interfaces. We propose a framework for 
inter-provider IP QoS specification, which encompasses a 
common SLS format and efficient mapping algorithm CMS in 
the sense of minimum resource and time consumption.  

The format of service level specification contains a set of 
descriptors and their associated parameters that describe the 
required service class independently of the network 
technology (e.g. wired, wireless) and the applied QoS model. 
Every SLS parameter is marked with one of three weighting 
factors (mandatory, preferential, irrelevant).  

 
TABLE 1 UMTS AND DIFFSERV CLASSES SPECIFICATION 

 Delay   
(ms) 

Jitter  
(ms) 

Packet loss 
probability 

UMTS 
Conversational <100  <20 <10–4  
Streaming <300  <80 <10–3 
Interactive <400  - <10–3 
Background -  - <10–2 

DiffServ 
EF <100  <10  <10–5 
AF1 <400  <40  <10–4 
AF2 <600 - <10–4 
AF3 <800  - <10–3 
AF4 <1000 - <10–3 
Best effort - - - 

CMS performs mapping of SLS requirements to the most 
suitable class based on assessed DC value between the 
required and offered QoS. Mandatory parameters are crucial 
for mapping, while preferential help to select a suitable class 
in the case of two or more classes as a CMS output with equal 
DC values for mandatory parameters. CMS also identifies 
minimum threshold for each mapped value to assure 
satisfying DC value for each mandatory parameter.  
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A Quickened Genetic Nonlinear  
Reconstruction Algorithm for EIT 

Vassil Guliashki1 

Abstract – This paper presents a quickened hybrid genetic 
algorithm for the inverse nonlinear problem of Electrical 
Impedance Tomography (EIT) in 2D domain. It belongs to the 
interior algorithms. Finite Element Method is used to solve the 
forward EIT problem regarding the nodal scalar potentials and 
current density values. The variational approach is applied to 
solve the inverse problem.  
 

Keywords – Electrical Impedance Tomography, Genetic 
algorithms, Finite element method, Variational approach.  

I. INTRODUCTION 

The Electrical Impedance Tomography (EIT) is a 
technique, proposed for non-destructive testing of materials, 
geophysical applications such as core sample analysis and 
investigations of the Earth contamination, as well as for 
biomedical purposes like making a diagnosis for breast 
cancer, investigation of chest organs and cerebral 
haemorrhaging (brain stroke). Algorithms for detection of 
flaws in materials are presented in [6,7,8,15,16]. The system, 
proposed in [8,16] permits geographically distributed research 
with remote measurement and data acquisition for eddy 
current test signals. In EIT technique low-frequency voltages, 
obtained as a result of injected currents in an inhomogeneous 
object, are measured by means of electrodes on its boundary. 
Then the interior electrical conductivity of the object is 
calculated. At the end EIT gets an image of the electric field 
inside the studied object, based on the conductivity 
distribution in it. Usually, the reconstruction of an EIT image 
consists of two parts: 1) The forward problem – where the 
scalar potentials (voltages), as well as the current density 
values inside the object are calculated, given an approximate 
conductivity distribution, boundary voltages and currents for a 
known geometry of the studied volume; 2) The inverse 
problem – where an adequate estimation of the conductivity 
distribution, based on the calculated (known) scalar potentials 
and current density values is received. The second is a 
nonlinear ill-posed problem (see [22]). Its feasible domain has 
valleys and/or plateaus (regions, where the objective function 
is almost flat). 

The computational complexity of the exact methods for 
such a problem grows exponentially with the number of the 
unknown parameters, which – in EIT-problem – depends on 
the mesh chosen in Finite Element Method (FEM). The image 
quality is better when finer mesh is used, i.e. with more 
unknown parameters. To overcome the shortcomings of the 
exact methods many efficient approximate evolutionary 

algorithms, metaheuristic and hybrid methods have been 
created to find out quickly the global optimum of complex 
optimization problems.  

A new hybrid genetic algorithm, solving the inverse EIT 
problem is proposed in this article.  

II. FORMULATION OF THE PROBLEM 

A. Experimental setup of the problem in 2D case 
 
 

                                       i4, v4   i5, v5       i6, v6 
                         i3, 0                                  i7, v7 
                     i2, v2                                        i8, v8 
                                              Ω 
                    i1, v1                                         i9, v9 
 

                     i16, v16                                    i10, v10 
                           i15, v15                         i11, v11 
                                 i14, v14  i13, v13  i12, v12 
 
             Fig. 1. Experimental setup for the EIT problem  
 
The illustration of the experimental setup for the EIT 

problem is presented on Fig. 1. To perform measurements on 
the boundary of the studied 2D object 16 electrodes are used. 
The object is considered as an inhomogeneous, conducting 
body having a known overall shape Ω. For simplicity here is 
chosen the domain Ω to be a circle. It is divided by an 
uniform triangularization into 256 triangles (cells). This mesh 
is assumed to be fine enough, so that the FEM numerical 
calculations are sufficiently accurate. Direct currents i1 (input 
current) and i2 (output current) are applied to the body. The 
injected current between these two electrodes has value 10 
mA. The potentials (voltages) are measured between pairs of 
the other electrodes, where one of the electrodes in each pair 
is the grounded electrode. Usually the voltage at the injection 
electrodes cannot be measured reliably and for this reason it is 
not included in the data set. The measured voltages have 
values about 1 V. Each electrode can be held to be equi-
potential and the contact impedance is neglected. In this case 
the current field J(x) and the electric field E(x) are constrained 
by the Kirchhoff’s laws: 

 
∇⋅ J (x)  =  0            (1) 
∇ × E(x) =  0            (2) 
 

and by the Ohm’s law 
 
  J(x)   =  σ(x)E(x),           (3) 1Vassil G. Guliashki is with the Institute of Information

Technologies – BAS, “Acad. G. Bonchev” Str. Bl. 29A, 1113 Sofia,
Bulgaria, E-mail: vggul@yahoo.com  
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where σ(x) is the conductivity and J(x) is the current density. 
The body is assumed to be locally isotropic, so that σ(x) is a 
positive real number.  

Since ∇ × E  =  0,  E has the form  
 

E(x)  =  –∇Φ(x),            (4) 
where  Φ(x)  is the scalar potential (the voltage). The 
equations (1)-(4) are equivalent to the single elliptic equation 
for  Φ(x): 

∇⋅ ( σ(x)∇Φ(x) ) = 0 in Ω.           (5) 
 
B. Boundary data and feasibility constraints 

 
The experimental setup consists in injecting a measured 

current between two electrodes and measurement the voltage 
between pairs of other electrodes located on the boundary of 
the body. This procedure is repeated N times (N is the number 
of electrodes) clockwise, injecting current between all 
possible adjacent pairs of electrodes. For the setup on Fig. 1 
we have N = 16. In case σ(x) is known, Φ(x) and J(x) are 
completely determined either by the boundary voltage Φ |∂Ω , 
or by the boundary current flux J.n |∂Ω, where n(x) is the unit 
outward normal to the boundary of the body  ∂Ω.  

For the conductivity problem there are two distinct 
variational principles (see for example [1, 9]): the Dirichlet’s 
principle: 

Min ∫Ω Φ∇ dxxx 2|)(|)(σ  ≥ P,           (6) 

where P is the power dissipated into heat (the measured 
power) in the true conductivity medium Ω, and its dual – the 
Thompson’s variational principle, which takes the form: 

∫Ω
− dxxJx 21 |)(|)(σ  ≥ P.           (7) 

These two constraints allow us to obtain upper and lower 
bounds on the feasible domain of the space that contains the 
solution to the inverse problem (for details see [1, 2]). 

 
C. Formulation of the direct problem 
 

The direct EIT problem is decomposed as two quadratic 
optimization problems: The first one has the form:  

Min ∫Ω Φ∇ dxxx 2|)(|)(σ ,           (8) 

subject to:  
Φ(x) = V(x),  for  x ∈ ∂Ω,           (9) 

where V(x), x ∈ ∂Ω, are the measured potentials on the 
boundary of the body.  

The second optimization problem has the form: 

Min ∫Ω dxxJ
x

2|)(|
)(

1
σ

,         (10) 

subject to:  
–J(x).n(x) = I(x), for x ∈ ∂Ω,        (11) 

∫ Ω∂ dxxI )( = 0,          (12)  

∇⋅ J(x)  =  0,  for  x ∈ Ω,         (13) 
where I(x) are the currents on the boundary ∂Ω and n(x) is the 
unit outward normal to the boundary ∂Ω.  

The power dissipated into heat in Ω is: 

P = ∫ Ω∂ dxxVxI )()( .         (14) 

The current density J(x) can be expressed by means of the 
electric vector potential T(x) (see [22]):  

J(x) =  ∇ × T(x).          (15) 
Hence the second optimization problem can be written in 

the form: 

Min ∫Ω ×∇ dxxT
x

2|)(|
)(

1
σ

,        (16) 

subject to:  
–(∇ × T (x)).n(x) = I(x), for x ∈ ∂Ω,       (17) 

∫ Ω∂ dxxI )( = 0,          (18) 

Starting with initial approximate values for σ(x), x ∈ Ω, 
we solve the optimization problems (8)-(9) and (16)-(18) by 
means of the Finite Element Method (see for example [18, 
21]) and calculate Φ(x), T(x) and J(x), x ∈ Ω.  
 
D. Formulation of the inverse problem. A  variational 
approach  
 

The variational approach described in [12, 13] has been 
adopted here. Using data from N different measurements each 
time with different current injection pair of electrodes we 
solve N times the quadratic optimization problems (8)-(9) and 
(16)-(18). The essence of variational approach is to consider 
the linear equations (1) and (4) as constraints and to minimize 
the violation of nonlinear equation (3).  So we solve the 
inverse EIT problem with unknowns σ(x), x ∈ Ω, minimizing 
the error functional: 

F = ∑ ∫
=

−

Ω
+Φ∇

N

i

dxxJxx ii

1

22/12/1 |)()()(|
2
1 σσ ,        (19) 

subject to: 
Φi(x) = Vi(x),  –Ji(x).n(x) = Ii(x),  ∇⋅ Ji(x) = 0,  i=1,…,N.   (20) 

After expanding the square in (19) we have: 

   F = ∑ ∫
=

Ω
Φ∇

N

i

dxxx i

1

2|)(|)(
2
1[ σ + ∫Ω dxxJi

x
2|)(|

)(
1

2
1

σ
+

              
 + ])().(∫Ω Φ∇ dxxxJ ii             (21) 

The last term in (21) is irrelevant to the minimization of F 
seeking σ(x), because it is entirely determined by the 
boundary data. Minimization of the first term in (21) 
corresponds to the Dirichlet’s variational principle and the 
minimization of the second term corresponds to the 
Thompson’s variational principle. The expression for σ(x), 
which minimizes F in (21) has the form: 
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III. A QUICKENED GENETIC ALGORITHM FOR THE 
INVERSE NONLINEAR EIT PROBLEM 

From the point of view of mathematical programming 
(either linear or nonlinear) the optimization methods are 
divided into interior and exterior methods, depending on 
whether the iterative steps of the correspondent method are 
made inside or outside the feasible domain (see [3]). For 
example the least square method (see [23]) is an exterior 
method, whereas the Kohn and Vogelius method ([13]) is an 
interior method. Solving the EIT inverse problem both types 
of methods attempt to converge to a solution on the boundary 
of the feasible domain, but the exterior methods converge 
from outside the feasible domain, while the interior methods 
converge from inside the feasible domain. In [1] is pointed out 
that the exterior methods can achieve convergence quickly for 
data without errors. The interior methods have the advantage 
to be insensitive to data errors and perform stable, but they are 
often slowly converging.  

The hybrid genetic algorithm proposed here belongs to the 
interior algorithms. To reconstruct the electrical field image 
we solve the problem: 

Min G=∑ ∫
=

Ω
Φ∇

N

i

dxxx i

1

2|)(|)([ σ + ]
)(

1 2|)(|∫Ω dxxJi
xσ

 (23) 

subject to the constraints (20).  
ADI method (see [12]) performs iteratively the following 

procedure: 
1) Using the last computed σ(x) and the measured voltages, 
minimize (8) and (10) over Φi(x) and Ji(x) for  i = 1,…,N. 
2) Using the obtained Φi(x) and Ji(x) minimize G from (23) 
over σ(x), and update σ(x) according to (22). 
The authors pointed out that ADI method performs stable 

but very slowly. More rapid convergence is achieved by 
means of a modified Newton (MN) method (see [12]). 

There are known several successful attempts applying a 
genetic or an evolution hybrid algorithm to solve this ill-posed 
problem (see for example [10, 11, 14, 17, 20]. In [10] a 
genetic algorithm is combined with the Davidon-Fletcher-
Powell method (see [4]) and with Pareto-optimization. In [11] 
a genetic algorithm is coupled with Newton-Raphson method 
and mesh-grouping. In both these cases very encouraging 
results are obtained. Theory of simple genetic algorithms is 
given in [5]. 

The proposed hybrid genetic algorithm is designed to solve 
the inverse EIT problem (23), (20) overcoming the slowly 
converging of the interior methods and the instability of the 
exterior methods when the  signal/noise ratio is greater than 
1%. The main idea in the new genetic algorithm is to perform 
a given number k of ADI-steps (k ≤ 20), or less than k steps 
until a plateau of solutions is reached and then to continue the 
search by genetic procedure. After each genetic generation an 
acceleration phase is performed to increase the speed of the 
algorithm. Instead of mutation operator the algorithm 
performs a special kind of local search after the generations 
have finished. 
 
Acceleration phase  
 

During this phase a step is calculated like in the Nelder 
and Mead simplex method (see [19]). The members 
(solutions) in the current population are ordered in increasing 
order of their G-values. The weight center σc of the group of 
first five members  is calculated. Let the last five members 
with the worst G-values be denoted by σwi , i=1,2,…5; Each 
σwi is reflected towards σc making a step y = σc - σwi to create 
a new solution. The constraints σ(x) ≥ 0, (6) and (7) are used 
to reduce the length of this step if it is necessary. In case 
someone of the so generated solutions is better than one of the 
current population, the better solution replaces the worse. 
Each successful step leading to better solution is repeated 
again and again, taking into account (6), (7) and σ(x) ≥ 0, until 
the G-value cannot be improved anymore. 

 
Special kind of local search 
 

As mentioned in [14] the conductivity distribution is 
piecewise constant for lots of biomedical subjects like in head 
or in chest of the human body. For this reason we can use a 
model having D parts with constant conductivity. In the best 
solution some conductivities are greater and some smaller 
than the mean conductivity. The local search proposed 
consists of following operations: 

1. Choose the cell with the greatest conductivity σg and 
try to increase it by δ to σg + δ, where δ is a small 
positive number. In case the G-value is decreased 
repeat this operation.  

2. Performed analog operation with the smallest 
conductivity σs, which should be decreased by δ to σs 
- δ until the G-value decreases.  

3. For the cell with  σg  try to replace the conductivity 
of each its neighboring cell by σg and evaluate the G-
value. The conductivity values are replaced in this 
way until the G-value improves.  

4. Perform the operation of 3. by σs in the 
neighborhood of cell with σs. 

 
“Pseudo-code” form of the quickened genetic algorithm  
 

Generate an initial population P0 with size s = 5D 
members, where D is the supposed number of regions in Ω 
having constant conductivity; Set i := 0; (iteration counter); 

Evaluate the members in Pi; 
Starting from the best member solution (with 

minimal value of G) perform k, or less than k, ADI steps until 
no more improvement is reached. 
While no stopping criteria are met do 
          Set i := i+1; 
          For  j=1, s; do 

   Select  two members I1 and I2 by means of „Roulette 
   wheel selection“ in Pi–1;      
   Apply one-point crossover operator to I1 and I2 for  
   creating offspring O1 and O2; 
    Decide whether or not O1 and O2 should enter Pi to  
    replace older (worse) members; 
EndFor 
Create the population Pi from Pi–1, replacing the worst  
members in Pi–1 with the best generated children  
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solutions;  Perform the acceleration phase. 
EndWhile 

Perform a special kind of local search around the best 
found solution σ (x)*. 

The algorithm stops when the error functional value G 
becomes smaller than the prescribed value or when the 
iteration limit is reached. 

IV. CONCLUSION 

The proposed hybrid genetic algorithm makes an attempt 
to combine the good features of genetic algorithms and of 
interior methods in order to perform stable and robust search 
when the data are contaminated with great noise. The new 
algorithm combines the simple genetic procedure with steps 
of the ADI method, accelerating steps and a special kind of 
local search around the best obtained solution. We expect that 
the new algorithm may need only a few genetic generations to 
find the global optimal solution. A program on MATLAB has 
been created and will be tested on a number of test examples. 
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Abstract - The goal of the paper is to investigate the scalability 
and compare the performance parameters of solving 
optimization and constraint satisfaction problems using parallel 
genetic algorithms based on independent island evolution of local 
subpopulations and best chromosomes migration in a ring 
topology for evolutionary based solution of three selected 
combinatorial optimization problems. 

Keywords - island parallel genetic model, combinatorial 
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I. INTRODUCTION 

An optimization problem is the problem of finding the best 
solution from all feasible solutions. An optimization problem 
consists in finding the best solution in a large set of feasible 
solution, where the quality of each solution is evaluated using 
an objective function [1, 2]. Many optimization problems are 
NP-hard that is an efficient (i.e. polynomial time) algorithm 
for their solution may not exist [3]. In such cases it is worth 
looking for algorithms that find approximate solution whose 
measure is not too far from the optimum. 

Evolutionary algorithms (EAs) are search methods that 
take their inspiration from natural selection and survival of the 
fittest individuals in the biological world [4]. Several different 
types of evolutionary based search methods are developed 
including genetic programming, evolutionary programming, 
evolutionary strategies and genetic algorithms. 

Genetic algorithms (GAs) are computational approaches 
for solving a variety of optimization problems [5-7]. GAs are 
search procedures based on the ideas of evolutionary 
processes in the biological individuals. They randomly create 
an initial population of individuals and then use genetic 
operators for selection, crossover and mutation to yield new 
offspring. GAs are successfully applied in solving 
optimization and constraint satisfaction problems.  

Parallel genetic algorithms (PGAs) can be conveniently 
implemented on parallel and distributed systems. Each 
processor performs the genetic operations independently on an 
isolated subpopulation of the individuals periodically sharing 
its best individuals with the other processors through 
migration [8, 9]. 

The goal of the paper is to investigate the scalability and 
compare the performance parameters of solving optimization 
and constraint satisfaction problems using PGA. A parallel 
programming model is suggested for evolutionary based 
solution of three selected combinatorial optimization 
problems: the traveling salesman problem, the knapsack 
problem and the n-queens problem. The PGA model utilizes 
independent island evolution of local subpopulations and best 
chromosomes migration in a ring topology. The performance 
of the problem solutions is evaluated and compared based on 
flat (MPI) and hybrid (MPI+OpenMP) implementations of the 
models. Profiling and scalability analysis are also performed. 

II. EVOLUTIONARY COMPUTATIONS OF 
COMBINATORIAL OPTIMIZATION PROBLEMS 

Several methods and parameters have to be specified when 
solving given problem by evolutionary algorithms:  
- the size of the chromosome pool at the start of each 
successive generation and the number of generations that will 
be evolved; 
- the selection method that attempts stochastically to select 
individuals from one generation to create the basis of the next 
generation providing that the fittest individuals will have a 
greater chance of survival than weaker ones; 
- the crossover method that will allow the offspring to carry 
forward the important genetic material of the parents, whilst 
introducing enough variation to become potentially more 
fitter; 
- the mutation occurrence strategy that is seen as an 
unanticipated change in a chromosome pattern of some of the 
individuals resulting occasionally in a much weakened or 
much stronger individual. 

The selected case studies to be solved by evolutionary 
approach are two optimization problems: the traveling 
salesman problem and the knapsack problem, and one 
combinatorial constraint satisfaction problem: the N-queens 
problem. 

The traveling salesman problem (TSP) is an NP-hard 
combinatorial problem that requires finding the shortest tour 
of a group of cities without visiting any town twice. The TSP 
may be presented mathematically as finding the Hamiltonian 
cycle of minimal weight within a weighted fully connected 
undirected graph G = (V, E) where the vertices present the 
cities, the edges denote the intercity paths and the weights of 
the edges represent the intercity distances. The deterministic 
method to solve the TSP problem involves traversing all 
possible routes, evaluating corresponding tour distances and 
finding out the tour of minimal distance. The total number of 
possible routes traversing n cities is n! therefore in cases of 
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large values of n it becomes impossible to find the cost of all 
tours in polynomial time.  

TSP can be solved using genetic approach by representing 
each tour as a chromosome that is the sequence of visiting the 
towns by the salesman [10]. In our case permutation encoding 
is used where every chromosome is a string of numbers that 
represent a position in a sequence. For the chromosomes 
permutation coding is used which is the best method for 
coding ordering problems. The fitness represents the length of 
the tour. The selection is performed following the rules of the 
roulette wheel method – the individuals of the highest fitness 
are selected for parents. The method of recombination is that 
of one crossover point – one part of the first parent and other 
part of the second parents is taken with special care not to 
repeat a city in the tour. The mutation applied is of the normal 
random type and involves changing of the city order.  

The knapsack problem is one of the classical optimization 
problems recognized to be NP-hard. It arises whenever there 
is resource allocation with some constraints. The problem can 
be stated as follows: given a set of items each having certain 
cost and value, to determine the items that total cost does not 
exceed some given cost and the total value is as large as 
possible. Let the knapsack capacity is denoted as c > 0 and 
there are N classes of items. The number of items in each class 
is unlimited. Each item in given class has a value vi > 0 and a 
weight wi > 0. All classes have different values and weights. 
The goal is to find the most valuable set of items that fit in a 
knapsack of the fixed capacity: 

∑∑ =≤
i

ii
i

ii vVcw δδ    ,  (1) 

where δi = 1 when the ith item is selected, 0 otherwise and V is 
the total value have to be maximized. 

There are different variations of the knapsack problem but 
the typical formulation in practice is the 0/1 knapsack 
problem, where each item must be put entirely in the knapsack 
or not included at all. This 0/1 property makes the knapsack 
problem hard for a simple greedy algorithm to find the 
optimal selection. There are two main approaches for solving 
this problem: branch and bound and dynamic programming. If 
N is the total number of classes then 2N subsets of the item 
collection should be evaluated in order to find the optimal 
solution using the brute-force approach. An exhaustive search 
for a solution to the knapsack problem generally takes 
exponential running time and therefore is infeasible. Some 
dynamic programming techniques also have exponential 
running time although have proven useful in practice.  

The chromosomes in the case of solving the knapsack 
problem with GA [11-13] will have a length equal to the 
number of the classes of items to be put in the knapsack. 
Binary chromosomes will be utilized that is value 1 in given 
position will means the item will be selected and value 0 
means the item will not be selected for the subset of the items 
in the knapsack. The fitness of each chromosome is the total 
weight оf all items in the knapsack. A population is initially 
randomly created as certain number of possible solutions. The 
selection is based on the roulette wheel approach that is the 
fitness of the chromosomes determine the probability that a 
chromosome is selected to survive in the next generation. 
Crossover uses one point of mixing of two parent solutions in 

order to produce an offspring. Mutation is based random flip 
of a bit in a chromosome that happens with certain 
probability. 

The N-queens problem is a classical combinatorial 
constraint satisfaction problem formulated as solving the task 
to place N queens on a N×N chessboard in such a way that no 
queens attack each other. The difficulty of the N-queens 
problem arises from the fact that the search space of possible 
solutions is an incredibly large even for small values of N. 
The complexity of the N-queens problem is estimated as 
О(N!) and the problem belong to the class of NP-complete 
problems requiring a brute-force algorithm to guarantee that 
the solution can be found for any value of N. The basic classes 
of strategy for solving the N-queens problem are systematic 
search strategies and repair strategies. A depth-first search 
backtracking algorithm can solve the N-queens problem in 
reasonable time but only for small values of N.  

In the case of solving N-queens problem by GA [14-16] 
initial population will comprises randomly generated 
placements of the queens on the board represented as 
permutations of an N-tuple (1, 2, 3, …, N). A chromosome i 
shows the column where the queen in row i is placed. The 
fitness of each individual measures how close it is to the 
problem solution. Since a solution to the N-queens problem 
requires no queens to attack each other the fitness is 
calculated as the number of conflicts between queens. The 
individuals in the population are evaluated and sorted 
according to their fitness. A crossover process creates new 
individuals combining two parents. Mutation involves a 
random change of an individual and is implemented as 
exchange of the positions of two queens. Genetic algorithm 
finishes the search either if a solution of the queens placement 
on the board is found or a predefined number of iterations is 
accomplished. 

III. PARALLEL COMPUTATIONAL MODEL OF GA FOR 
COMBINATORIAL OPTIMIZATION PROBLEMS 

All targeted combinatorial problems can be solved using 
the suggested parallel computational model (fig.1). The model 
utilizes parallelization method that divides the population into 
some number of demes (subpopulations) that are separated 
and evolve independently on each of the processors of the 
multicomputer platform. The parallel computational model 
utilizes a parallel algorithmic paradigm “synchronous 
iterations”. Each process evolves a subpopulation performing 
the genetic operations selection, crossover and mutation. 
Iterations of independent genetic evolution on each of the 
processes for certain number of generations are followed by a 
communication stage for migration of the best solutions found 
so far between the processes. The processes are organized in a 
logical ring and each process sends its local best individuals to 
one of its neighbors while receiving migrants from its other 
neighbor process. The migrants are compared with the local 
subpopulation and the local worst solutions according to their 
fitness are replaced. Thus each process will check for 
incoming data from its neighbor process while evolving its 
subpopulation and when the data are received will utilize them 
replacing its worst chromosomes. 
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Fig.1. Parallel computational model for PGA for solving combinatorial optimization problems

Each process performs the following tasks:  
- randomly generates a population of predefined size and 
evolves it certain generations; 
- packs the best local chromosomes and sends them 
(MPI_Send) to one of its neighbors in the logical ring, i.e. the 
process with rank I+1 (the last process send migrants to the 
first one); 
- checks for an incoming message (with MPI_Iprobe) from its 
other neighbor, i.e. the process with rank I-1, with a message 
tag MPI_MIGRATION (the first process receives migrants 
from the last one) and receives the data (MPI_Recv) to 
perform migration replacements. 

The main difference in the utilization of the suggested 
computational model for the targeted problems is the GA 
termination criteria. For the optimization problems (TSP and 
knapsack) the evolutionary operations terminate after certain 
number of generations are evolved and the best solution is 
determined by a global reduction operation on the local 
optimal solutions. Due to the diversification introduced by the 
independent parallel evolutions the more parallel processes 
are employed the less number of iterations of local evolution 
will be accomplished. When solving the constrain satisfaction 
combinatorial problem of N-queens GA terminates when a 
solution is found. For this reason additional communications 
are required for sending termination message to all process 
when any of them founds a solution. Thus each process 
performs the following additional operations: 
- checks for incoming message (with MPI_Iprobe) from any 
other process (MPI_ANY_SOURCE) with message tag 
MPI_STOP and if such message have been received 
terminates itself; 
- if solution is found in the local population sends a message 
to all other processes with a termination tag MPI_STOP. 

A parallel genetic algorithm library is developed in order 
to allow the implementation of the above described parallel 
programming model for solving the selected combinatorial 
problems based on evolutionary computations. The library 
consists of data structures, classes and functions required for 
implementation of the genetic operators for selection, 
crossover, mutation and migration.  

Certain data structure comprising the data to be transferred 
during the migration of chromosomes between the 
subpopulations is used in order to speed up the 
communication transactions. 

IV. EXPERIMENTAL FRAMEWORK AND GENETIC 
PARAMETERS 

The genetic parameters used in the experimental 
evaluation of the performance of PGA for solving the selected 
combinatorial problems are given in Table I. The population 
size depends on the problem size, the subpopulation size 
depends on population size and the number of processors and 
the number of migrants depends on the population size (4% 
from the population size). 

 
TABLE I. GENETIC PARAMETERS 

 
We have estimated the parallel system performance 

experimentally for different workload in order to evaluate the 
scalability in respect to the complexity of the solved problem. 
For the TSP the number of cities used in the experiments is 
100, 200, 300, 400, 500 and 600. The experiments for solving 
knapsack problem with PGA are made for three different 
cases of 100, 250 and 500 classes of items that have to be 
collected in a knapsack of capacity 1000. The PGA for 
solving N-queens problem is tested at several different 
workloads: board size of 12, 14, 16 and 17 elements. 

The experimental multicomputer platform consists of 10 
workstations (Intel Pentium 4, 3.2GHz, 1G RAM, Hyper-
Threading) connected via Fast Ethernet Switch (100 Mbps). 
The parallel genetic algorithm library is implemented in C++ 
using Microsoft Visual Studio 2005, MPICH-2 and OpenMP.  

The machine size varies from 1 to 10 workstations in order 
to explore the scalability of the parallel computer platform in 
respect to the parallel application under investigation. Each 
experiment is repeated 10 times and average values of the 
performance parameters are calculated.  

Parameter Description 
Number of generations 200 

Subpopulation size population size / number of  the 
processors 

Migration topology circular 
Migration frequency 20 generations 
Number of migrants 4% from the population 

Mutation rate various mut. rate: 0.01≤μ≤0.2 
incremental step μ+=0.001 
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V. PARALLELISM PROFILING AND PERFORMANCE 
ANALYSIS 

The results for the speedup achieved in solving the 
selected combinatorial problems by evolutionary algorithm 
are shown in Fig.2, Fig.3 and Fig.4 for the TSP, the knapsack 
and the N-queens problem respectively. The results show that 
good speedup values are obtained for both targeted problems. 
The scalability in respect of the size of the parallel platform is 
almost linear. For the optimization problems (TSP and 
knapsack problem) the speedup achieved for 10 processes is 9 
for 600 cities and 8.7 for 500 items. For the N-queens problem 
the speedup is slightly smaller (8.3 with 10 processes) due to 
the different termination condition introducing additional 
communications. The suggested programming model scales 
well also in respect to the workload. The suggested parallel 
computational model introduces very little communication 
overhead during the migration stage. Moreover the utilization 
of asynchronous communications further decreases the time 
spend inter- processor communications. On the other side the 
migration provides better subpopulation diversity and thus 
increases the possibility of finding better solution in less 
number of evolution periods. 
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Fig.2. Speedup achieved for solving TSP by PGA 
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Fig.3. Speedup achieved for solving knapsack problem by PGA 
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Fig.4. Speedup achieved for solving N-queens problem by PGA 

VI. CONCLUSION 

In this paper performance comparison and scalability 
analysis of solving optimization and constraint satisfaction 
problems are made using PGA. The PGA computational 
model is suggested and implemented based on independent 
island evolution and best chromosomes migration in a ring 
topology and is applied for three combinatorial optimization 
problems. The parallel system performance is evaluated 
experimentally for different workload and machine sizes. The 
results show that the model scales well both in respect to the 
parallel computer size and the application workload. 
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Efficiency of Parallel Computations for Error 
Backpropagation Neural Network Training  
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Abstract - The paper investigates the efficiency of parallel 
computations at the training stage of an error backpropagation 
neural network. Flat, multithreaded and hybrid parallel 
computational models are suggested. Performance comparison is 
made and scalability in respect to the multicomputer size and its 
impact on the performance of the parallel system is estimated. 

Keywords - parallel computations, message passing, shared 
memory, neural network training, error backpropagation 

I. INTRODUCTION 

Artificial neural network (NN) is an interconnected 
assembly of simple processing elements whose functionality 
is loosely based on the structure and functioning of the brain 
[1]. The processing ability of the NN is stored in the inter-unit 
connection strengths (weights) obtained by a process of 
adaptation to or learning from a set of training patterns. 
Among the basic properties of the NN that distinguishes them 
from the von Neuman computer are [2]: massive parallelism, 
distributed representation and computation, learning ability, 
self-organization, generalization ability, adaptivity, fault 
tolerance. 

In order to apply a NN for solving particular problem the 
network has to be trained to effectively map an input set of 
values into an output space defined by the output element 
values. The training can be either supervised or self-
organization process but in both cases it requires consecutive 
repetition of the adjustment of the values of inter-node 
weights. Therefore the NN training usually involves a lot of 
computations and is time-consuming. The problem of large 
training times can be overcome either by devising faster 
learning algorithms or by implementing the existing 
algorithms on parallel computing architectures [3, 4]. Shifting 
towards parallelization is a natural process of NN due to the 
inherent massive parallelism of their biological original: the 
brain. Since the computations of the model components are 
largely independent of each other most of the NN models 
have great potential for parallelism. The larger are the NN 
architecture and the training data set the more relevant is the 
exploitation of the inherent parallelism of NN. 

The approach of NN parallelization depends on the 
specifics of the NN architecture and the organization of inter-
node communications but most NN models are rather easily 
viable on parallel hardware of all kinds. Parallel architectures 
for simulating neural networks can be subdivided into general 
purpose parallel computers and neurocomputers [5, 6]. 
Neurocomputers are designed as boards and systems for high-
speed ANN simulations [3, 4].  

Parallelization of NN was made on various parallel or 
distributed hardware architectures as workstation clusters [7-
9], large grain supercomputers [10-12] and specialized neural 
network hardware systems [13, 14].  

The aim of the paper is to investigate the efficiency of 
parallel computations at the training stage of an error 
backpropagation neural network. Flat parallel computational 
model is suggested for NN training. The model employs 
message passing for necessary data communication between 
the concurrent running processes and is targeted to a 
distributed memory parallel system. The utilization of 
multithreading is considered for parallel computation of the 
NN training on a shared memory platform. In order to exploit 
both the high-level parallelism through the message-passing 
and the low-level (loop) parallelism of the multithreading a 
hybrid (multi-level) parallel programming model is also 
utilized. Performance comparison is made for flat, 
multithreaded and hybrid parallel programming models. Since 
pattern recognition is among the most successive application 
examples of the NN utilization the case study for character 
recognition is used in the experimental estimation of the 
performance parameters. Speedup and efficiency as well as 
scalability in respect to the multicomputer size and its impact 
on the performance of the parallel system are estimated.  

II. NEURAL NETWORK TRAINING BY ERROR BACK 
PROPAGATION 

A NN consists of an enormous number of massively 
interconnected nonlinear computational elements. Each 
element performs a weighted summation of input values 
received from other elements of the NN, applies an activation 
function to the weighted sum and outputs its results to other 
elements of the network.  

A popular type of neural network is the multilayer 
perceptron, in which the elements are organized into layers. 
The layers are at least three and depending on the source of 
their input values and the availability of their output values 
are regarded as input, hidden and output layer. Each layer is 
usually fully interconnected to its adjacent layers. 

One type of multilayer perceptron is the backpropagation 
neural network [15]. It is trained on a set of pairs (input value, 
targeted output value) using a two pass supervised algorithm 
based on the error correction learning rule [16]. During the 
NN training the weights of the connections between the 
elements are adjusted according to some learning rules. The 
error backpropagation learning algorithm is given bellow in 
pseudocode: 

INITIALIZE  1Milena Lazarova is with the Faculty of Computer Systems 
and Control, Department of Computer Systems, 8 Kliment 
Ochridsky str., 1756 Sofia, Bulgaria, E-mail: milaz@tu-sofia.bg 

Iter = 0; Max_Iter = IMax; Error = 0; Max_Error = EMax; 
random small weights for all element connections; 
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REPEAT 
FOR all training pairs m = 1, …, M 

/* initialize forward pass */ 
FOR all elements j in the input layer 

)(m
jj xo =  (1) 

 END FOR 
/* run forward pass */ 

FOR all elements j in the hidden layers (l=1,2,…L–1)  
and the output layer (L) 

∑
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 END FOR 
/* initialize backward pass */ 

FOR all units j in the output layer L 
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 END FOR 
/* run backward pass */ 

FOR all units j in the hidden layers (l = 1, 2, … L-1) 
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END FOR 
/* update weight values */ 
FOR all units j in the hidden layers (l = 1, 2, … L-1)  
and the output layer (L) 
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END FOR 
END FOR 
Iter = Iter +1; 
/* estimate the error */ 
FOR all training pairs m = 1, …, M 

∑ −=
i

L
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m
i odnL

m 2)(1)(ε  (8) 

END FOR 
UNTIL (Error < EMax) or (Iter > Max_Iter) 

where w(l)
ji(t+1) is the new value of the weight connecting the 

ith element of layer l with the jth element of the previous layer 
l-1, w(l)

ji(t) is the same weight value at the previous iteration of 
the algorithm, o(l-1)

j(t) is the output value of the jth element in  
layer l–1, η is a learning rate parameter, μ is a momentum 
term parameter and δi

(l) is the error value. 

III. PARALLELIZATION STRATEGIES FOR NEURAL 
NETWORK TRAINING  

The strategies for parallelization of NN training (Fig.1) 
can be distinguished as training, exemplar, node or weight 
level parallelism [6]. Training session parallelism implies 
independent training of the network on each node of a 
multicomputer system using different training parameters and 
initial network state. In this way the parallelism is actually 
implemented as running several attempts of the training that is 
a useful strategy if the error surface has a lot of local minima. 

 
Fig.1. Strategies for parallelization of the NN training 

Exemplar parallelism, also called training example 
parallelism, is suitable when very large training sets are 
utilized. In this case each process is assigned a subset of the 
training exemplars and it only trains the network for this 
training subset. At the end of each epoch the modifications of 
the network weights are gathered and applied to the NN. The 
node level parallelism takes the advantage of the natural 
parallelism implied by the distributed nature of NN and maps 
the elements to the processors of the multicomputer platform. 
There are different approaches for distributing the training 
phase computations between the nodes of a cluster exploiting 
the fact that the calculations at each NN node are independent 
[17]. In the next section a parallel computational model for 
NN training on a multicomputer platform using node level 
parallelism is suggested. Weight parallelism is the finest 
grained solution that requires parallel calculation of the input 
from each synapse. The weight parallelism provides no 
additional capabilities over the node parallelism strategy and 
introduces significantly more transactions of short messages. 
That is why it is considered not suitable parallelization 
strategy for a cluster computer [7]. On the other hand a 
combination of weight level and node level parallelisms is 
suitable for parallel computations on a shared memory system 
utilizing the multithreaded programming model discussed in 
chapter V. 

IV. FLAT PARALLEL COMPUTATIONAL MODEL OF 
NN TRAINING  

Flat (MPI-based) parallel computational model for error 
backpropagation neural network training on a multicomputer 
platform based on node level parallelism is presented in Fig.2. 
The model is based on a combination of two parallel 
programming paradigms: SPMD and synchronous iterations. 
The SPMD paradigm implies the data decomposition. For the 
NN training case it is implemented by concurrent 
computations of several processors at node level that is each 
network layer is divided between the available processors.  

The synchronous iterations paradigm is a special case of 
the phase-parallel paradigm that can be regarded as alternating 
between two phases: computation and communication phase. 
At the computation phase each processor calculates the input 
values of the nodes assigned to it. During the communication 
phase each processor sends the calculated part of the output 
vector to all other processes using global communication 
function. The iteration is divided into forward pass that 
corresponds to the calculation at the forward stage of the 
learning algorithm followed by backpropagation pass that 
corresponds to the calculation and distribution of the errors 
backwards from the output to the input layer.  

The NN is divided between the processes so that each 
process is responsible for calculation of a part of the output 
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vector at each layer during the forward stage and part of the 
error vector at each layer during the backward stage of the 
training. The number of elements in each layer is equally 
spread among the available processors in order to guarantee 
good load balance. Thus before the training starts each 
processor calculates the range of node indices at each of the 
NN layers that are assigned to it according to the number of 
active processes (function MPI_Size) and its rank (function 
MPI_Rank). The input training parameters and the training set 
comprising pairs of an input value and the targeted output 
value are available to each process at the beginning of the 
training. Each process performs the following tasks: 
- forward pass, computation phase: calculates the output 

values according to (3); 
- forward pass, communication phase: sends the calculated 

part of the output vector to all other processes (function 
MPI_Allgather); in this way all processes receive the data 
necessary for the calculation of the outputs of the next layer; 

- repeats the previous two phases for all layers of the NN until 
the output values of the output layer are calculated; 

- backward pass, computation phase: calculates the errors and 
the weights at the output layer according to (4) and (6); 

- backward pass, communication phase: sends the calculated 
part of the error vector to all other processes (function 
MPI_Allgather); in this way all processes receive the data 
necessary for calculation of the error values at the previous 
layer according to the error backpropagation algorithm; 

- repeats the previous two phases for all hidden layers 
backwards to the input layer until all weights are updated 
according to (5) and (6); 

- calculates the output error for each training pattern and 
terminates itself if the error limit or the predefined number 
of iterations are reached. 

The above described sequence of computation-
communication phases is repeated for all pairs in the training 
set. The NN training continues until either of the termination 
conditions occur. Each process resolves the end of the training 
and terminates itself.  

 

Fig.2. Parallel computational model for error backpropagation 
training using flat (MPI) programming model 

V. PARALLEL COMPUTATION OF NN TRAINING BY 
MULTITHREADING 

Multithreaded (OpenMP-based) parallel computational 
model for error backpropagation neural network training on a 
multiprocessor platform is implemented both at the forward 
and backward stage of the NN training by utilization of node 
and weight level parallelisms. Since the calculations 
performed for the elements in each layer are completely 
independent, unaware of the processing of other elements in 
the same layer, a fork-join parallelism is used based on loop 
level parallelization provided by the OpenMP API. Parallel 
execution of for loops by dispatching of threads at the 
beginning of a loop and assigning non-overlapping selections 
of the loop to each thread is implemented by the OpenMP 
pragma omp parallel for: 

#pragma omp parallel for private (j, Net, Output) 
#pragma omp parallel for private (j, Target, Actual, Delta)  

where j is the number of the element in the layer, Net and 
Output are respectively the net activation and the output value 
calculated according to (2) and (3), Target and Actual are 
respectively the target output and the current output and Delta 
is the value calculated for the node according to (7). 

Weight level parallelism is implemented as parallel for 
loops calculating formulas (2), (5) and (6). 

VI. PARALLELISM PROFILING AND PERFORMANCE 
ANALYSIS 

The suggested flat and multithreaded models are 
implemented in С++ and compiled using Microsoft Visual 
Studio 2005. Message passing is accomplished by MPI 
implementation MPICH2 v.1.0.3. Hybrid model is also 
developed utilizing both coarse grained (message-passing) 
and fine grained (multithreading) parallelism. 

The case study for experimental evaluation of the 
performance parameters of the parallel NN training is 
character recognition. Experiments were carried out for a 
training set comprising examples of the digits from 0 to 9 
represented in an aperture of 13 by 13 pixels as binary 
thresholded images. Thus the input network layer consists of 
169 input elements and 10 output elements. 

The experimental computer platform consists of 10 
workstations (Intel Pentium 4, 3.2GHz, 1G RAM, Hyper-
Threading) connected via Fast Ethernet Switch (100 Mbps). 
Multithreaded model is also executed on a dual core machine 
(Intel Core2 Duo, 1,83GHz, 1GB RAM). 

Performance results are gathered for different sizes of the 
hidden NN layer (25, 50, 150, 1000, 2000) and different 
number of processors of the multicomputer (1 to 10). 

The results for the speedup evaluated experimentally using 
the flat, multithreaded and hybrid programming models are 
given in Fig.3, Fig.4 and Fig.5 respectively. The successive 
computation and communication phases of the MPI model are 
seen in the Gantt’s chart of the communication transaction 
given on Fig.6. 

A speedup is gained with the flat (MPI) model only when 
the number of the NN elements in the hidden layer is big 
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enough so that the communication overhead is comparable 
with the computation time during the NN training. For less 
than 150 hidden elements no speedup is achieved. The more 
hidden elements are used the bigger is the speedup: it is 5.1 
for 1000 and 6.56 for 2000 hidden elements. The scalability in 
respect to the number of the processors is good up to a certain 
size of the multicomputer where the speedup saturates and can 
even decrease: for 150 hidden elements the serial training 
outperforms the parallel calculations by more than 6 
processors, for 1000 and 2000 hidden elements the speedup 
does not increase for 8 or more elements.  
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Fig.3. Speedup of the flat 
model 

Fig.4. Speedup of the 
multithreaded model 

Similar results are observed for the experiments with the 
OpenMP based multithreaded model: there is no speedup of 
the parallel model for less than 150 hidden elements. The 
obtained speedup for 2000 hidden elements on Dual Core 
machine is 1.58 and 1.47 on Hyperthreading (HT) machine. 
The smaller values for HT computer can be explained with the 
bigger number of cache misses. The utilization of more 
threads than the number of the processors does not increase 
the performance parameters. 

 
 
 
 
 
 
 
 
 

Fig.5. Speedup comparison 
of the flat and the hybrid 

models 

Fig.6. Gantt’s chart of the 
communication transaction using 

MPI model 

The speedup comparison of the flat and hybrid models of 
the NN training shows better utilization of the parallel system 
resources when a multi-level parallelism is utilized employing 
computations by several multithreaded parallel processes: 
speedup is increased with about 18% for less than 7 processes 
and with about 10 % for larger sizes of the multicomputer. 

VII. CONCLUSION 

The paper investigates the efficiency of parallel 
computations at the training stage of an error backpropagation 
neural network. Based on the strategy for parallelization of 
NN training known in the literature as node and weight level 
parallelisms, flat, multithreaded and hybrid parallel 
computational models are suggested and implemented. The 
experimental evaluation of the performance parameters shows 

that the parallel computational model outperforms the serial 
training only when the NN comprises lots of elements. Hybrid 
model leads to higher speedup than the flat model due to 
better utilization of the parallel computer system resources.  
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Time Histograms with Select and Zoom for Creating 
Visual Representation of Data Set for Managers 

Snezana Savoska, Suzana Loskovska, Vlatko Blazeski 

 
Abstract - Histograms are very useful tools for visualization 

and the most frequently used analysis techniques for managers 
because they show distribution of value over a data dimension. 
Although 2D and 3D standard histograms show the distribution 
of value over data dimensions, they do not consider the time as 
additional dimension. In this paper, we present Time Histograms 
with Select&Zoom technique which is an extended technique of 
standard histograms with possibility of selecting time step for 
zooming with slider in second – zoom window.  
 

Keywords – Time Histograms, Select and Zoom, Data 
Visualization for Management 

I. INTRODUCTION 

Histograms are very useful data visualization techniques. 
Standard time histograms provide easy way to see data 
without interaction opportunity. For this reasons, the goals of 
our paper is to present time histograms with select and zoom 
possibilities and scroll bar as a tool for interaction.  To 
achieve the goal, time dimension must be defined at the 
beginning. That means the time steps which will consist of the 
unit of selection and zooming in the process of visualization, 
must be specified as time slabs. For these reasons, the data in 
data storages has to be surveyed and analyzed for making 
decision which data and technique are the most appropriate 
for data visualization. Unfortunately, standard histograms 
provide just a few capabilities for customer interaction. Also, 
additional time dimension is seldom used.  

In this paper, we introduce extended time histogram with 
interaction and select and zoom possibilities. This interaction 
and possibility to select and zoom the time zone (time slab) is 
enabled with slider which is located under the general static 
window. When the slider is moved, the time slab is changed 
and the time histogram is shown in the second window with 
zoomed data from selected time slab, located under the global 
time histogram and scroll bar. Also, there is some additional 
capability to show couple of data properties as sell region, sell 
sub-regions, product group, etc. [3] 

Data set used in this paper comes from Transactional 
Information Systems of the production and Trade Company 
for the last twelve years. The databases are extracted, loaded 
and transformed for the requirements of the data storage. 
There are 79760 data records of all transactions in the given 
company. The database contains all types of documented data. 
For us, the sell documents for the last twelve years are the 
most interesting at present. To make effective visual analysis, 
it is very useful to create Data Warehouse, extract, load and 
transform data from transactional databases. Also, 
adjustments of data and Meta data were made.  

The adjustment steps are the time step specifications (time 
slab) for zooming and visual data rendering. These time slabs 

were defined with top-down analysis in the company. The 
managers use visual time reports in different time steps: 
month, quarter, year, decade… Although the tiny time interval 
can be analyzed, they are not interesting for managers. With 
exception for time dimension, all data in data storage has 
couple of dimensions – attributes which can be analyzed by 
managers and analytical staff with 2D and 3D analysis. 

The entire time space has been divided in discrete time 
steps (time slabs) [1], which will be the part of set for 
selection. The selected time slab data is shown in the 
additional window space, located under the time scroll bar. 
The customer has to select the desired time slab interactively 
to see the selected data in the additional zoom window. This 
way, there is high class display usage given, with global static 
view of all data in the storage (separated in different 
dimensional bars with different colors), scroll bar form for 
interactive usage and second display with data from selected 
time slab [8]. 

II. DATA VISUALIZATION GOALS 

Because the standard time histograms do not provide 
understandable view of desired dimensions in time (attributes 
as regions, sub-regions, product groups), the goal of this paper 
is to provide data analysis with possibilities to use standard 
histograms as solid base and their transformation in 
interactive data visualization tools, which will allow time step 
zooming. For this reasons, our goals in designing time 
histograms are: 

• To provide an clear and obvious way for 
displaying dependant time histogram for users 

• To provide opportunities for displaying large scale 
time information in time histograms with 
Select&Zoom of time slabs capability. 

• To save the global view of data in the time 
dimension and to achieve the readability of time 
histograms in selected time slab [1]. When the user 
sees the global view of all time data set in display, 
it is possible to select time slab and show the data 
in the additional histogram (window in display in 
the some time). In this manner, the users have the 
impression from the global Time Histogram, for 
data in the selected time slab. 

• To support the capabilities of zooming with 
interaction with slither positioned bellow the 
global Time Histogram window. This interaction 
will provide selecting of desired dimension and 
time zone for analysis in the same time. The region 
and sub-region analysis in time slab is selected 
with tabs from the second – zoom window. 
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III. DATA SET AND RELATIONAL WORK 

The data set used in this paper comes from transactional 
databases of the company, loaded in data storage [2]. The 
procedure for extracting, transformation and data loading in 
the data storage (Data Warehouse) depends on management 
needs as well as the data in transactional information system. 
After this procedure has finished, the data in storage has to be 
prepared for effective visualization. For this reason, the time 
slabs are defined in one month. The total numbers of time 
slabs are 144. Data set can be analyzed in many dimensions 
(six dimensions – attributes: region, sub region, town, product 
group, product type and time) and three measures. For 
different data displaying, the used Time Histogram has to 
answer to the managers questions. 

 

 
Fig. 1.  Time histogram for product distribution in value (Denars) in 

regions 
 

 
Fig. 2   3D Time histograms for products distribution (Millions) in 

time step 
When different dimensions (attributes) are analyzed, 

various histogram techniques may be used. If the regions 
distribution analyses are the focus of manager interest, the 
parallel histogram is the most suitable technique. Also, for 
product type distribution, the time histograms presented in 
different time steps, with different colors and opacity are more 
appropriate (Fig.1). History bars have good user feedback 
when used in process visualization. Also, they provide some 
inspection of trends when they are used in the marketing data 
set. When monthly sell data in years has to be compared, 3D 
histograms are very convenient. The concept of the 3D time 

histograms is to draw the histogram for each time step as 
arrows of cuboids rather than rectangles, and arrange them 
one behind the other along the time dimension (Fig 2).  

In this case, the user can always see the simple global time 
histogram and in the same time, selected time slab with 
desirable data and information for managers. 

IV. TIME HISTOGRAMS WITH SELECT AND ZOOM 

One of the goals in the time histograms was to retain the 
simplicity and easy understanding of the standard histogram 
as much as possible. When we discussed 2D histograms, the 
use of colors for the best visualization process is desirable. 
But, when we discuss about 3D histograms, colors are used, as 
well as the other visualization primitive attributes, such as 
shadow, texture and lighting. In this manner, some additional 
attributes are described. When the 3D histograms are used, it 
is more conventional to pursuit 3D cuboids if there are 
Select&Zoom possibilities. But, although 3D histograms can 
be easily navigated with rotation possibility and zooming, this 
type of view has the restriction in two axis problems. The 
augmentation and reduction, left hand and right hand rotation 
and zooming of the rows in 3D cuboids are the most useful 
capabilities. Also, the wrap properties and global high control 
of the bars in histogram can be selected as a property. But, the 
goals of 2D and 3D histograms are not to show the exact 
values of the attributes, but to show the trends. But, the 
ToolTip [8] is possibility to give the correct value of 
displayed measures – the value of the presented bar in the 
graph. The ToolTip property can be set, if the managers want 
to see the correct value of the dimensions. For this purpose, 
the interaction of the users with enabled selection of time slab 
and zooming of the selected data in the additional window is 
the best solution for data analysis.  

Some of the interactions are always possible, depending on 
the desired view. When the slider is used for interaction, the 
time slab can be changed and data can be displayed in 
additional zoom window. The ToolTip property can also be 
set and the customer can see the value of the bar in the time 
histogram. The values of the bars present the summarized 
amount of money in each time slab – monthly money amount. 
In the first window, the total money amount is shown, and in 
the second – a zoom window, the amount of money for each 
region and sub-region are being shown. Some interaction 
techniques provide possibility to change the upper and lower 
limit of display. This technique with select and zoom to the 
selected time slab can be compared with the perspective wall 
distortion method, but in this distortion technique one region 
is enlarged and the other region is squashed. In our technique, 
the enlarged region can be seen in the current time in 
additional window of display. 

Select & Zoom in time histogram is a software tool created 
for a specific use [5]. With selection of dimensions, the 
attribute of focus is shown in the global window with large 
scale of measuring, depending on the selected dimension and 
focus of the selected time slab. For this purpose, there are few 
possibilities to select what dimension to see in the second 
zoom window. To select what will be shown in the window 
the system provides the radio buttons or tabs pages. In this 
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case, two tabs are shown in the second zoom window – 
regions tabs and sub-regions tab. If the region tab is selected, 
the sell amount for the selected time slab is shown in the 
zoom window. In the other case, when the sub-regions tab is 
selected in the second zoom window, the sell amount for all 
sub-regions for selected time slab is shown. If additional 
dimensions need to be displayed, other tabs buttons are 
required to be set in the second zoom window. This way, there 
would be more space for displaying analytical data and a 
possibility to have different information in the selected global 
histogram and zooming window. The enlarged region 
(selected time slab) and its bars can have the ToolTip property 
attribute set. The managers can see the region share market, 
which is time-dependant, the product group share market and 
the sell in regions and cities. With this technique, automatic 
scaling property is disabled because the wide of static global 
graph is set to maximum. Also, the time is divided in unique, 
equally wide time slabs. These time slabs are made with 
combination of view from SQL server (Fig.3) [11]. These 
views must be combined with four regions for the first zoom 
window. This operation demands high performance of 
computer components because of the necessary data 
combinations with views. For the second zoom window, the 
number of views is larger and the desirable performances 
higher. For these reasons, it is very useful to have high 
performance computer, because the quick answer of 
interactive query is required in the visualization display. The 
interaction with slider provides satisfying answer time in 
today’s personal computers with 2-4 GB RAM, acceleration 
graphic card and last generation of dual core processors. 
Every region, sub-region or production group and cities is 
colored with different color and can be easily recognized and 
analyzed through time (Fig. 4 and Fig. 5). 
 

 
 

Fig. 3  Creating views for defining time slabs in C# 
 

 

 
Fig. 4  Select&Zoom display with two windows – one with scroll bar 
and zoom window – values of money of region’s sell in selected time 

slab 
 

 
Fig. 5 Select & Zoom display – sell amount (in denars) in selected 

time slab sub-regions 

V. DATA VISUALIZATION ALTERNATIVE 

When the data analysis is made in 3D histograms, different 
kind of data dimensions can be analyzed, especially when the 
value of each bar in 3D histogram requires being analyzed 
[10]. If the ToolTip property is set, the exact value of the bars 
is shown in the ToolTip window. The slicing properties in 3D 
in a plane and their 2D plane can be very useful. But, the 
zooming in 3D space is not arranged well enough in the 
zoomed cuboids. The 2D histograms are much clearer (Fig.6). 

 

 
Fig 6 – 2D histograms sell quantity (money) in time slabs and slider 

(scroll bar) 
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The data presentations with these visualization tools have 
many advantages and disadvantages, and the fact is that they 
are not clear enough. The proposed technique of 
Select&Zoom in Time Histograms has many advantages for 
the mentioned purposes. 

VI. CONCLUSION 

Time Histograms with Select&Zoom property are extended 
technique of the well-knows time-dependent data histograms. 
They are useful tools which provide effective data 
visualization, particularly for large and complex data sets. The 
presented technique provides a global view of data in the 
storage which can be an interactive “brush”. With the slider, 
located under this graph, and the additional zoom window 
with data for the selected time slab, separated depending of 
selected dimension can be seen. Also, this technique provides 
additional information as bar’s value (ToolTip property) and 
color for dimension values distinguishing. 

Time Histograms with Select&Zoom were discussed in this 
paper with company data storage. In future work, the Time 
Histograms technique will be included in 3D, with possibility 
of row and columns selection for effective visual data 
rendering of knowledge-based data discovery algorithms. 
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Pilot Signals Processing Module 
Oleg Borisov Panagiev1 

Abstract – The pilot signals processing (PSP) module 
integrated in the amplifier provides optimal adjustment under 
all circumstances. The main function of the PSP module is to 
maintain a constant amplifier output level independent of 
variations in input level. Variations in input level are caused by 
change of both attenuation and tilt in the amplifier’s input cable. 
This change of the cable’s characteristic is due to temperature 
change in the cable over time. This can only be compensated 
correctly by a true two-pilot AGC controlled circuit. Using pilot 
tones or analogue TV carriers as a reference the PSP module 
control the variable interstage attenuator and equalizer, thus 
compensating for the change in the cable’s characteristics. The 
pilot frequencies are free selectable and may be altered on site 
according to the actual channel load – no factory fixed pilot 
frequencies! 
 

Keywords – supertrunk amplifier, pilot signals, AGC, ASC 
 

I. INTRODUCTION 

In long trunk lines, where are used a big number 
consecutively connected cable amplifiers, at the different 
seasons the coaxial cable signal’s attenuation is changing. As 
with any metallic conductors, variations in temperature affect 
the transmission loss of coaxial cables. When the cable is 
warmer it has more loss, when colder less loss. In CATV 
systems we are involved with kilometers and kilometers of 
cable, and changes due to temperature variation become a 
problem if remedial or corrective action is not taken. 
Although we associate automatic gain control (AGC) and 
other automatic correction techniques with thermal changes, 
some corrective methods are equally protective against signal 
level changes from other causes. Possible other causes might 
be equipment aging, improper adjustment of equipment by 
service personnel, fluctuations in power source voltage, etc. 

A much more positive control of system transmission levels 
can be achieved by tapping off and measuring the amplitude 
of RF pilot carriers or regular television signals designated for 
control purposes. RF attenuation can then be introduced or 
removed from the amplifier RF transmission path in direct 
proportion to the amplitude measured on the control signals. 
Variations on this technique are also possible; for example, 
using the "closed-loop" technology but sensing two separate 
control signals at different points within the spectrum. These 
are frequently employed to provide some "slope" correction 
automatically, out the basic principle is the same. If the 
control equipment provides only "flat" transmission level 
control, it is called automatic gain control level control, two 
signals would be sensed and the RF transmission loss 
removed would not be the same across the entire (AGC). In 

this case, if the control signal is sensed to be 1 dB low in 
amplitude, 1dB of attenuation would be automatically 
removed and all signals present would be ally raised by 1 dB. 
If the control equipment provides some "sloped" transmission 
band of interest. This is called automatic slope control (ASC) 
and may or may not be incorporated into every AGC equip-
ment depending on individual manufacturer designs [1, 2]. 

Generally, AGC and ASC or more mutually ALC 
(automatic level control) are provided interstage in amplifiers 
where it has no significant effect on the amplifier C/N ratio. 
The RF sampling is through a directional coupler at the high-
level amplifier output. The effect of removing attenuation is 
increased amplifier gain, and units 1 are sometimes referred to 
as having reserve gain to overcome lower input signal levels. 
The amplifier gain module is adjusted for some extra gain, but 
the actual compensating adjustment is the automatic insertion 
or removal of attenuation [3]. 

Automatic control equipments are generally specified to 
have, say, 4 dB reserve gain and 4 dB of increased attenuation 
capability. This may be stated for ± 4 dB input level changes, 
the output level change will not exceed ± 0.3 dB. 

Automatic control, or self-regulation, is essential in systems 
of any practical length. It is quite important that we 
completely understand how it is implemented if we are to 
effectively incorporate it into systems. 

II. CIRCUITS DECISIONS 

Supporting the level of nonlinear distortions within the 
standard borders (CENELEC EN 50083) in this case is 
possible by using an automatic regulating module for the 
output level of the amplifier. More often this module is plug-
in assembled into the amplifier and the information for the 
output level is performed conformable to the levels of pilot 
signals, transmitted by the Head end. 

On fig.1 is shown a block diagram of cable amplifier, using 
one pilot signal. The amplifying section is split into two parts 
(blocks 1 and 3), and between them is connected adjustable 
electronic regulator (2). 

  
 

Fig.1. One pilot signal amplifier block diagram 
The ALC loop consist narrowband pilot receiver (4) for 

separate the pilot signal from the group signal ps UU + ; source 
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of reference (etalon) voltage UE (6)  and device for 
comparison and amplification (5), which format regulating 
voltage regU . The resistance of the attenuator is changing 
depending on the value of regU . Mostly as regulative elements 
are used adjustable T – sections, compound of PIN diodes. 
They have indisputable advantages: uniform frequency 
performance at good matching on the input and output within 
the borders of the dynamic range of ALC in the whole 
working frequency range.   

Tapping off of the pilot signal is taking place in the pilot 
receiver by filter with high selectivity. Within the borders of 
the narrow pass band filter (0,5÷1,5 MHz) the attenuation 
must not be changing with more then 0,1 dB. 

At the modern cable TV systems are used more then one 
pilot signals, distributed within the whole frequency range of  

 

 Fig.2. PSPM block diagram 
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

the system. Every one of them is been work up in the pilot 
signals processing block (PSPB) from the respective pilot 
receiver, after they were separated from the group signals by 
filters (fig.1 – C or C´). 

Developed pilot signals processing module (PSPM), 
contains one PSPB and one electronic regulator (ER), 
composed of a frequency independent electronic attenuator 
ЕА and a frequency dependent electronic attenuator ЕТ 
(fig.2). As a regulative elements in EA are used PIN diodes, 
included in Pi-section. As a regulative elements in ЕТ 
(electronic tilt) are used PIN diodes, included in T-section. 
The regulative voltage regU  is made in the pilot signals 
processing block (fig.3), compound of pilot receiver with 
distributed selectivity, detector, and scheme for comparison 
and amplification, as well as voltage stabilizer.  

The pilot receiver is compound of three band filters (BPF1, 
BPF2, BPF3), which ensure the pilot signal’s tapping off with 
narrow band (Δf = 1 MHz) and two amplifiers. First of them 
represents low noise amplifier and is filled with integrated 
circuit IC1 RF2312 [4], and the second – whit N-channel 
MOSFET transistor T1 BF963. 

D1 is the detector of pilot signal and comparison and the 
amplification of the formed dc voltage is made in IC2 TL082, 
working coincident as comparator and dc amplifier. The 
reference voltage, feeding onto the no inverting input 3 of IC2 
and the supply of IC1 is produced from voltage stabilization, 
compound from the second part of IC2 and T2. By 
potentiometers P1 and P2 the currents flowing through diodes 
D1 and D2 are been made symmetric, as well as the selection 
for the place of the work point of the detector diode over its 
V-A characteristic. 

The attenuator AT is used for regulating the level of pilot 
signals upon to a nominal value, so that to be made minimum 
distortions. 

The band filters are multi-sections LC filters, but it is 
successfully possible to use SAW filters, as the amplifiers, 
carried out from T1 and BPF2, can fall away. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

 
Fig.3. The functional diagram of PSPB 
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III. EXPERIMENTAL RESULTS AND HARACTERISTICS 

How much self-regulation should be provided in a system is 
a difficult thing to determine. Although the general practice 
has been to use as few automatic control units as possible on 
the basis of reduced initial cost, as systems become more 
sophisticated, carrying many more channels and other 
services, this rationale becomes less convincing. Perhaps the 
best place to start is to plot the impact of thermal change for 
several conditions of construction and analyze them. 

For the experimental study of the developed module is used 
trunk amplifier with distributed amplification within two 
hybrid integral circuits BGY883 and BGD802 at the range of 
47 MHz to 862 MHz. In this case the coaxial cable between 
the amplifiers is QR-540 [5]. The characteristics of the 
amplifier are studied at a lack and presence of pilot signals 
processing module (PSPM). In Table 1 are presented the 
results of the research on a trunk amplifier without pilot 
signals for tree frequencies, placed in the beginning, in the 
middle and in the end of the television range at a standard 
D/K (49,75 MHz; 447,25 MHz; 855,25 MHz). The graphic 
presenting of the transmitting characteristic in this case is 
given in fig.4.  

In Table 2 are presented the results from the research of the 
same amplifier, but with built in module for pilot signals 
(PSPM) at the up pointed frequencies and voltage change of 

 
Table 1 

f = 49,75 MHz f = 447,25 MHz f = 855,25 MHz 
Uin 

dBμV 
Uout 

dBμV 
Uin 

dBμV 
Uout 

dBμV 
Uin 

dBμV 
Uout 

dBμV 
83,5 93,7 78,8 92,6 77,5 98,5 
84,5 94,7 79,8 93,8 78,5 99,5 
85,5 95,6 80,8 94,9 79,5 100,7 
86,5 96,7 81,8 95,8 80,5 101,5 
87,5 97,7 82,8     97 81,5 102,1 
88,5 98,8 83,8 97,8 82,5    103 
89,5 99,4 84,8 98,5 83,5 104,2 
90,5 100,2 85,8 99,7 84,5 105,6 
91,5 100,8 86,8 100,5 85,5 106,7 
92,5 101,9 87,8 102,8 86,5 107,7 
93,5 102,6 88,8    104 87,5 108,9 
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Fig.4. Supertrunk amplifier transmitting characteristics with and 

without pilot signals   
 
 

± 5 dB. It is used one pilot signal with frequency 295.25 MHz, 
which represents the picture carrier frequency of the channel 
SR19. It is given the values of the regulative voltage regU , 
conforming to the change of signal output level. For 
facilitation during analyzing the work of the trunk amplifier 
with and without pilot, the results of that table are shown in 
fig.4. 

On fig.5 is given a graphical dependence of the alter-nation 
of the level of group signal in the supertrunk amplifier  

 
Table 2 

f = 49,75 
MHz 

f = 447,25 
MHz 

f = 855,25 
MHz fp = 295,25 MHz 

Uout 
dBμV 

Uout 
dBμV 

Uout 
dBμV 

Uout 
dBμV 

Ureg 
V 

97,6 97,5 98,2 102,8 3,4 
98,1 98,1 98,5 103,1 3,3 
97,6 97,6 98,4   103   2,96 
98,8 98,3 98,5 103,1 2,9 
99,2 98,6 98,9 103,5 2,8 
99,4     99     99 103,6 2,6 

    99 98,3 98,9 103,5 2,4 
99,3 99,2 99,8 104,4 2,3 
98,7 98,8 99,6 104,2   2,14 

    99 99,4 99,8 104,4   2,12 
    99 99,7 100,3 104,9 2,1 

 
 
Table 3 

Uout 
dBμV 

ΔUout 
dB 

ΔUout 
dB 

ΔUout 
dB f 

 MHz 
to = 20oC no ALC with 

AGC 
with 
ALC 

  49,75 98,8 ± 0,86 -1,1 -0,20 
119,25     99 ± 1,38 -0,6 -0,10 
207,25 99,1 ± 1,8 -0,2 -0,02 
295,25 99,2 ± 2,24 0 0 
391,25 98,5 ± 2,6 0,6 0,01 
447,25 97,8 ± 2,8 0,8 0,06 
543,25     98 ± 3,1 1,1 0,11 
663,25 98,2 ± 3,45 1,5 0,18 
759,25 98,8 ± 3,7 1,7 0,24 
855,25     99 ± 3,9 2,0 0,35 
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Fig.5. Alternation of the output level graphical dependence in the 

supertrunk amplifier 
 
 

453 



454 

output at alteration of the attenuation in the supertrunk coaxial 
cable. Values of the frequencies, for which the study is made, 
are in conformity with Appendix C of an European standard 
CENELEC EN 50083 (Table 3). Presented are three cases: 

• without ALC; 
• with AGC; 
• with ALC (AGC+ASC). 

At to = 20o C the alteration of the output level of the 
supertrunk amplifier is frequency-independent and is equally 
to a zero. At to ≠ 20o the alterations of the output voltage have 
positive or negative values in dependence of the attenuation in 
the coaxial cable, respective from the environmental 
temperature.   

IV. CONCLUSION 

Without the PSPM module, the amplifier acts as a normal 
amplifier with manual input attenuator and equalizer. Once 
the PSPM module is plugged in it takes over the control of the 
input attenuator and equalizer. When the desired output level 
has been entered into the PSPM module’s “memory”, the 
PSPM module adjusts the attenuator and the equalizer. The set 
up of the amplifier is now automated. 

There are unique problems associated with AGC and ASC 
even at low levels of utilization. When we state that the 
system is regulated, we must recognize that this regulation is 
contingent upon properly adjusted and fully operative PSPM 
units. But, if the amplifier were previously operating near 
normal temperature (with, say, 4 dB of attenuation inserted), it 
now will increase the output level by 4 dB. We know that 
increasing output level by this amount (4 dB) will 
immediately increase nonlinear distortions (CTB or CXM) by 
twice this amount or 8 dB. 

Since all PSPM units in the system (whatever the density) 
receive no regulating carrier, they all introduce 8 dB 
additional nonlinear distortions. Even at a density of PSPM at 
every third amplifier, a gross increase of this magnitude, 
affecting one-third of the system amplifiers [3, 6], would 
undoubtedly put the system out of specification as to CXM. 

If the PSPM density was 50 % and each amplifier went 
8 dB higher in CXM, the end-of-system CXM would go up 
4 dB or so. If the PSPM density was 100 %, the system CXM 
would be 8 dB poorer. Either of these conditions would surely 
be out of specification. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 

However remote the possibility of control carrier loss may 
appear to be, we might still consider alternatives to reduce the 
impact of such an untimely event on end-of-system 
performance. We believe there are strong arguments in favor 
of 100 % ALC, and we also believe the CATV operators are 
beginning to adopt this philosophy. If PSPM is installed at 
every amplifier, the requirement for a wide range of control 
(we have been using ± 4 dB "window" in our discussions) is 
somewhat reduced. If, by redesign, the ALC range were 
restricted somewhat to ± 3 dB, or even ± 2 dB perhaps the 
resultant change in output level would be less and 
consequently the increase in CXM produced in each unit 
would also be lower. 

A more practical alternative to this might be to simply 
position the ALC "window" differently. If we only expect a 2 
or 3 dB lower input level (due to only having to correct for 
one cable span), then we could position the "window" to give 
us only 2 or 3 dB of attenuation removal range. Now if we 
lost the control carrier, the unit could only open up that 2 or 
3 dB from normal attenuation, limiting the additional CXM to 
4 or 6 dB rather than the previous 8 dB. 

With an understanding of self-regulation and its effect on 
systems, both economically and technically, we are better 
qualified to recognize those situations or applications that 
might be cost-effectively addressed by using more PSPM. We 
can also evaluate the effects of using less PSPM more 
intelligently. As stated at the beginning of this paper, the 
decision as to how much self-regulation to provide is a 
difficult one to resolve, but perhaps we are now somewhat 
better equipped to address it. 
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Comparative Analysis of VoIP Protocols  
Used in CATV Networks 

Lidia T. Jordanova1 and Jordan I. Nenkov2 

Abstract – In the present paper there has been made 
comparative analysis between VoIP protocols used in the CATV 
networks according to their operation algorithm. There have 
been presented the requirements for network configuration 
supports SIP and H.323 protocols. Furthermore, there has been 
made an estimation of the effectiveness of the MGCP and 
MEGACO protocols in case of use in the contemporary CATV 
networks. There has been described the applicability to these 
protocols within the imposed PacketCable standard. 
 

Keywords – VoIP protocols, SIP vs. H.323, MEGACO vs. 
MGCP, IP telephony, PacketCable. 

I. INTRODUCTION 

Distribution of voice services over internet protocol 
achieves large implementation in modern CATV networks. 
Subscribers must obtain multimedia terminal adapter (MTA) 
in order to able use VoIP service. MTA converts the analog 
voice information into IP packets and vice versa. The basic 
problems in the VoIP implementation over the CATV/HFC 
networks are as follows: packets delay, accumulating phase 
noise (jitter), large expenses for network realization and 
support, necessity to support new services as well as servicing 
large number of subscribers. 

The quality of the distributed VoIP service depends on the 
internet connection speed as well as on the VoIP protocols 
and audio codec which have been used. In general, at present 
there are four VoIP protocols: SIP, H.323, MGCP and 
MEGACO. The main purpose of the present article is the 
comparison of these VoIP protocols according to their 
operation algorithm as well as to specify the most appropriate 
method for implementation of the above mentioned service 
over CATV networks. 

II. REQUIREMENTS TO NETWORK CONFIGURATION 
WHICH SUPPORTS SIP AND H.323 PROTOCOLS 

Both protocols are very similar in their basics. SIP 
architecture is similar to client-server HTTP protocol [1]. 
Requests have been generated by client and sent to server 
which processes them and sent back to the client as reply. 
Each request and its reply is “transaction”. SIP protocol uses 
INVITE and ACK messages, which determine the process of 
opening a reliable transmission channel for the call control 

messages.  

Register
server

Redirect
server

Location
database

SIP servers

User
Agent

Proxy
server

User
Agent

gateway

 
Fig. 1 

The network, which supports SIP protocol consists of two 
components – user agent and network servers (Fig. 1). The 
user agent is a final system which operates by user’s side, and 
serves to initialize SIP requests. By server’s side it receives 
requests and returns acknowledgments to the client. In that 
system three network servers are implemented: 

Register server which main purpose is to renew the current 
client location. 

Proxy server which receives requests and retransmits them 
to another server that has more information about the client 
searched (location database). Its main characteristic is that it 
works either as a client or as server and transmits requests to 
next servers on client’s behavior. 

Redirect server which function is to receive request, to 
locate server which has more information about the location 
of the client searched and to return client address. Unlike the 
proxy server, redirect server does not emit its own SIP 
requests. 

SIP protocol works as follows: When a calling side 
accomplishes SIP call it must find an appropriate server and 
send a request to that server. It can be done direct through 
proxy server or indirect through redirect server. When client 
turns on SIP device (personal computer, phone or other VoIP 
device) he registers itself in the register server. That 
registration information is constantly refreshed and sent to 
register server and/or proxy server. 

The H.323 protocol is a specific “umbrella” type i.e. it is 
not a detached protocol but it defines how other protocols can 
be used. The H.323 protocol specification defines voice, 
information and video traffic through IP based networks. The 
H.323 protocol realization requires four logical components: 

“Terminal”, which is an end point for the network, ensures 
a real time two-way communication. All H.323 terminals 
must support Н.245, Q.931, Registration Admission Status 
(RAS) and RTP protocols. The Н.245 protocol is used for 
connection control, Q.931 protocol is ISDN signaling 
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protocol, RTP is protocol for real time packets delivery and 
RAS is used for interaction with the Gatekeeper component. 

“Gateway”, which implements “translator” function i.e. 
converts different transmission formats and realizes the 
interface between Public Switched Telephone Network 
(PSTN) and IP-network. It is optional because the terminals, 
which are in the same network, are able to communicate 
directly. “Gateway” is necessary when terminals from one 
network require communication with terminals from other 
network. In that case the VoIP communication uses the H.245 
and Q.931 protocols. 

“Gatekeeper” is the most important H.323 protocol 
component as it manages the system work. It performs other 
functions as follows: address translation, access control, call 
signaling, call authorization, bandwidth and conversations 
management. 

Multipoint Control Units (MCU) are network end points 
that provide capabilities for multipoint (three and more 
subscribers) conference meeting. It uses the Н.245 protocol. 
MCU consists of one multipoint controller for operation 
control and of multipoint processors which receive and 
process data streams as well as audio and video information. 

The communication setup by means of H.323 protocol 
performs in five steps: 

Call setup; 
Initial communication and connection parameters 

negotiation/exchange; 
Audio/video communication setup; 
Call maintenance; 
Call ending. 
The call setup procedure means to locate a Gatekeeper 

which will manage the communication initiating terminal. The 
initial communication means registration of this end point at 
Gatekeeper. During the parameters negotiation/exchange 
process both communication sides – active and passive, 
negotiate their bandwidths through the Gatekeeper, payload 
formats recognized and transmitted, communication busy time 
and other restrictions. After parameters exchange through 
H.245 messages, the logical channels are opened and 
transmission started. 

Comparing the MCS diagrams which illustrate call setup 
through H.323 (Fig. 2а) and through SIP (Fig. 2b) protocols 
we can see that both protocols are very similar in their basics. 
H.323 protocol requires decoding of the transmitted messages, 
while SIP protocol transmits plain text messages [2]. 
Description details for different messages shown on fig.2a) 
and 2b) are given in [3, 4]. 

The main disadvantages of the H.323 protocol are: its 
complexity as well as transmission of large number 
unnecessary messages in the network. These disadvantages 
impede H.323 protocol realization over large scope networks / 
networks over large geographical area /. Both protocols rely 
on Resource Reservation Protocol (RSVP) to provide 
guaranteed quality of services (QoS). 
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The SIP protocol has been implemented wider in the 
modern cable television networks.  

III. ESTIMATION OF THE EFFECTIVENESS OF MGCP 
AND MEGACO PROTOCOLS IN CASE OF USE 

OVER CATV NETWORKS 

Centralized architectures are built on the MGCP and 
H.248/MEGACO basis. Initially IETF implemented media 
gateway control protocol (MGCP). Thereafter it was modified 
by the same organization and in cooperation with ITU they 
developed a new standard, called H.248 according to ITU or 
media gateway control (MEGACO) according to IETF. 
MGCP and MEGACO are master/slave protocols which 
maintain call control elements (such as call agents, media 
gateway controllers (MGC) and softswitches). These elements 
control the media gateways (MG) operation. MGs accomplish 
connection among the communicating subscribers through the 
RTP or RTCP protocol according to the MGC managing 
instructions. MGs convert circuit-switched voice to packet-
based traffic. 

Fig. 3 shows the operation diagram of MGCP and 
H.248/MEGACO protocols. Connection among different 
MGCs is performed by protocols as SIP, H.323 and Q.BICC. 
They determine the route for RTP or RTCP connection among 
the communicating devices and send information to the 
MGCs managing the MG operation.  

MGC MGC

MG MG

H.323, SIP,
Q.BICC

RTP/RTCP

MGCP,
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MGCP,
H.248/
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Phone 1 Phone 2  
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As a MEGACO predecessor, the MGCP protocol is similar 
in many aspects. One of the differences between the two 
protocols is that MEGACO protocol uses many integer arrays 
while MGCP is plain text protocol [5]. MEGACO supports 
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transport over TCP, UDP, SCTP and ATM, which makes it 
more flexible in comparison with MGCP, which supports only 
transport over UDP. MEGACO protocol disposes of better 
mechanism for guaranteed QoS by comparison with MGCP 
[1]. МGCP is more  simplified and inexpensive for 
implementation over the CATV/HFC than H.248/MEGACO. 
That is the reason МGCP has been adopted by the CableLabs 
Company which develops PacketCable specifications, in spit 
of the supposition that it may be replaced by the 
H.248/MEGACO in near future [6]. 

IV. VOIP REALISATION OVER CATV NETWORKS 
ACCORDING TO THE PACKETCABLE 

SPECIFICATION  

PacketCable specification enables capability to cable 
operators to provide subscribers with low cost and good 
quality.VoIP. 
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Fig. 4 

PacketCable offers new real-time multimedia service 
specification which is DOCSIS standard compatible. One of 
the most important components of PacketCable specification 
is the MGCP protocol which provides mechanism for call set 
up and management. This specification also supports SIP 
protocol. Fig. 4 presents a summary diagram of VoIP service 
supply to CATV/HFC networks subscribers in compliance 
with PacketCable specification [7, 8]. 

This architecture consists of the following components: 
Cable Modem (CM) - its purpose is to translate cable 

access network data signals into data suitable for subscriber 
data equipment use (computer or wireless router). 

Multimedia Terminal Adapter (MTA), that converts the 
analog signal from the phone to IP packets and vice versa. 
The MTA can be a standalone unit or integrated in the Cable 
Modem. 

Call Management Server (CMS) / Agent that manages the 
call control of the MTAs. It would receive events such as 
onhook and off-hook messages from the MTAs, and send 
commands such as ringing to the MTA. 

Trunk Gateway (TG) – it provides translation of telephone 
voice signals into IP packets and capabilities to public 
switched telephone network (PSTN) subscribers to use VoIP. 

Signaling Gateway (SG) - intended to provide connection 
with the SS7 system of the PSTN. 

Media Gateway Controller (MGC) – it implies call control 
management to/from the PSTN. It controls the Trunk Gateway 
and implies connection to SS7 network through the Signaling 
Gateway. 

Feature Server (FS) – intended to provide enhanced 
services. 

Network based Call Signaling (NCS) or MGCP protocols 
are commonly used for establishing connection between MTA 
and CMS. 

V. CONCLUSION 

From the VoIP service protocols over CATV networks 
comparative analysis which has been performed at the present 
article the following conclusions are available:  

SIP protocol is more appropriate by comparison with H.323 
in case of realization over the CATV/HFC networks because 
of its simplified work algorithm and opportunity to support 
large scope area. 

MGCP protocol is more simplified and inexpensive for 
implementation over the CATV/HFC networks than 
MEGAGO. 
МEGACO protocol is more flexible considering its 

transport layer and disposes of better mechanism to provide 
QoS by comparison with MGCP protocol. 
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Location Based Services: Architecture, Mapping, 
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Abstract - Geographic information system is an important 

element in any of the location applications since it contains all 
the necessary geographic information of the cities, roads, 
streets. The information is obtained from sources such as 
topographic maps as well as satellite images which are then 
filtered and delivered to the applications. Starting from this 
point, this paper seeks to provide multimedia location based 
service architecture together with location based mapping 
system. The navigation application prototype is regarded as a 
GIS-based routing solution. Transportation GIS concludes 
this presentation. 
 

Keywords – location, GIS, architecture, mapping, routing, 
Internet. 

I. INTRODUCTION 

Geographic information system (GIS) is an important 
element in any of the ubiquitous location-applications since 
it contains all the geographical information of the cities, 
roads, streets. This information is obtained from sources 
such topographic maps and satellite images which are then 
filtered and delivered to the applications [1]. Mobile 
geographic applications are characterized by their ability to 
support intinerant, distributed and ubiquitous computing. 
Intinerant means providing computing capability while 
moving with a person. Distributed means integrating 
functions that are performed at different places in a way 
that is transparent to the user. Ubiquitous means delivering 
the same functionality independent of a user's location [2]. 

The term location-based service (LBS) has been 
suggested to describe GIS applications. In these 
applications geographic data and processing are provided as 
a type of service over a wireless network connection. This 
means that simple, low powered devices, such as mobile 
phones can take advantage of geography. The term “mobile 
geographic service“ is preferred here because of its wider 
definition and focus on geography and GIS [3]. 

Many methods of wireless communication are available 
for mobile geographic systems including radio 
communication, but commercial cellular telephone systems 
are increasingly preferred. There are several options 
available for low and high level communication over 
cellular telephone networks [4].  
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In the last years there have been enormous protocols 
associated with Wireless Access Protocol (WAP). The 
WAP specification encompasses a relative simple and 
compact version of eXtended Markup Language (XML) 
called Wireless Markup Language (WML) suitable for 
issuing requests to servers and returning results. WAP also 
supports the inclusion of wireless bitmap (WBMAP) files. 
Thus, it is possible to make requests to a geographic service 
from a WAP phone and returns the results as a display page 
(called a card) containing a map in the form of an 
embedded bitmap. As the hardware capabilities of client 
devices to improve, software applications become more 
advanced and bandwidth limitations are alleviated, greater 
interest will focus on using the more, widely accepted 
Hyper Text Markup Language (HTML) and XML 
protocols. HTML is concerned with data presentation, 
whereas the more extensive XML supports data content 
description and structuring [5]. 

The Global Positioning System (GPS) offers the highest 
location data quality. There are some limitations in the use 
of GPS, especially the requirement for line of sight, added 
cost and the time it takes to obtain a signal. Some systems 
may be completed by additional GPS receivers located a 
fixed position [6]. This improves location calculation from 
20-45 seconds to 1-8 seconds. Cellular telephone systems 
divide geography into base station coverage areas typically 
of several kilometers in size; although in urban area they 
can be as small as 10 m. Only the finest resolution of data is 
of use to mobile geographic service users [7]. 

This paper presents location-based system architecture, 
together with location-based mapping system. 
Transportation GIS is also taken into account.  Concluding 
remarks are given at the end of the presentation. 

II. LOCATION-BASED SERVICE ARCHITECTURE 

In designing information systems that support Location-
Based Services (LBS) emphasis is given to scalability, 
distribution and interoperability through the use of broadly 
accepted information access protocols. Scalability and 
distribution refers to the capability of autonomous 
management of separate parts of the available information. 
The information access protocols when standardized, give 
the opportunity to the system designer to use already well-
defined interfaces. The ontologies used to describe the 
available information should be based on standards, which 
allow the easy management of the information. The 
approach for the architectural design of LBS system is 
based on those principles. 
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Fig. 1. Location-based services system architecture 

 
LBS system architecture is shown in Figure 1. The user 

communicates with a Web server over the Wireless 
Application Protocol (WAP) through a WAP Gateway. The 
information which is sent to the Web Server upon service 
initiation is the user's id (identity), password and telephone 
number. All this information is used by the system for 
authentication purposes. 

In order for the Web Server to grand user access, the 
information is sent to the Location Server. If the user is in 
the access lists of the Location Server, then access is 
granted and the user's current position is recorded and sent 
back to the Web Server. It informs the user for successful 
sign in and allows the user to select the product categories 
in which he is interested. Upon user selection the Web 
Server communicates with the Lightweight Directory 
Access Protocol (LDAP) Server in order to create a list 
with all the available supermarkets located near the user. 
Let us take an example. 

The main building blocks for the proposed system are: 
Web Server, Location Server, LDAP Server. Note that BTS 
denotes Base Transceiver Station, while PLMN denotes 
Public Land Mobile Network [8]. 

The Web Server acts as a central management unit being 
responsible for: user interface, communication with the 
Location Server and communication with the LDAP Server. 
The Web Server hosts static pages as well as dynamic 
pages which generate new Wireless Markup Language 
(WML) pages. ASP represent Active Service Pages. The 
distinction between static and dynamic pages exists because 

only a part of the user's interface remains the same (user 
authentication), while the rest contains pages, while content 
is dependent on the user's location, the choices he has made 
and the contents of the product-promotion information 
base. 

The Web Server constructs positioning requests, 
forwards them to the Location Server and then accepts the 
positioning replies from the Location Server. The requests 
and replies are constructed as eXtensible Markup Language 
(XML) documents following the Mobile Positioning 
Protocol (MPP) and the Web Server has the ability to 
compose and decompose these documents in order to 
encapsulate or derive information, respectively. The MPP 
protocol is a kind of implementation of the official 
prototype Mobile Location Protocol (MLP) which is being 
developed by Location Interoperability Forum (LIF) and 
which describes the communication between an application 
and a Location Server. 

The LDAP server waits for LDAP requests, which 
corresponds to search queries on its content. After 
processing the request, the LDAP server returns an LDAP 
response. Using the user's location information and the 
choices the user has made, the Web Server forms 
appropriate LDAP requests (following the LDAP v3 
protocol specifications) and forwards them to the LDAP 
Server. Then, based on the LDAP responses received, the 
Web Server dynamically creates new pages containing the 
results and offers them to the user. 
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The Location Server performs two tasks. The first one is 
to authenticate user access to the system and the second one 
is to provide user location information. During access 
control the Location Server checks user credentials (id, 
password, telephone number). If any of these credentials 
does not match to the records of an access list kept on the 
Location Server, then an appropriate message is returned to 
the Web Server. User credentials are transferred from the 
Web Server to the Location Server with the help of the 
MPP protocol. Upon successful authentication, the Web 
Server constructs a positioning request (in XML) for the 
particular user and forwards it through an HyperText 
Transport Protocol (HTTP) request to the Location Server. 
The Location Server communicates with various network 
elements and initiates the appropriate positioning methods. 
When the user's location information arrives to the Location 
Server, it constructs (in XML) a positioning reply 
containing this information and returns it to the Web 
Server. If the user could not be located by the system, the 
Location Server returns a positioning reply containing a 
failure notification. 

III. LOCATION-BASED MAPPING SYSTEM 

The technology of mobile mapping is expanding 
significantly due to the rising exceptions of consumers. The 
mobile mapping technology incorporates GIS features. 
Routing GIS-based solution is becoming very popular and 
is useful in mobile mapping. The users provide input for the 
start and the destination point into the mapping mobile 
system. The system will next display a highlighted route in 
an image, text or voice format. The navigation application 
prototype is regarded as a GIS-based routing solution: 
collecting, storing, searching and retrieving roads and street 
information, manipulating and calculating the shortest path 
from one location to another. 

The shortest path navigation application is an extension 
of a larger system known as the “Location based mapping 
system“. The aim is to develop a mobile mapping system 
that would serve maps of a requested location to a WAP 
phone. 

Figure 2 shows the conceptual infrastructure of the 
location based mapping system. There are three major parts 
of this system, which are the WAP phone, the Web Server 
and the GIS Server. The WAP phone communicates with 
the Web Server using WML/WML Scripts and these WMP 
pages on the Web Server communicate with the GIS Server 
using the Internet Map Server (IMS). Any search that is 
carried out on the GIS Server will return the results to the 
Web Server and WAP phone in WML pages. 

The mobile applications could deliver the Map 
information in different ways such as text (address and 
phone of nearest bank, driving direction, job dispatch 
operations based on user’s location), image (the path to the 
service location, on a map), voice (driving directions, job 
dispatch operations), video (fly-by movies, traffic 
congestion status). Such location-based applications could 
search the map database for locations queried according to 
the preferences given by the user. The user could request 

information regarding any facility like hotels, banks, etc. 
around any given location within certain radius. The user’s 
location itself can be taken from the GPS device if it is 
allocated to the mobile terminal. 

 
 
 
 
 
 

 
 

Fig. 2. Conceptual infrastructure of the location-based 
mapping system 

 
There are certain advantages in which mobile mapping 

has over traditional map-display systems. Mobile mapping 
provides access to map related information anywhere 
anytime. The data itself is being accessed, is current, 
updated and stored centrally in a single location. Therefore, 
it is convenient medium of dissipating information. It is a 
secure and private medium, too. The additional advantage 
here is the scope of providing Location-based services, as 
the location of the user would be known by one of the 
location finding systems. The mobile user would not 
require much infrastructure/hardware as he would normally 
require access Map information. 

IMS 

IV. TRANSPORTATION GIS 

Geographic Information System (GIS) is a spatial 
database. Geographic locations are stored as sets of 
mathematical coordinates. Information about the location is 
stored in tables that are linked to the locations. We can use 
GIS to make maps (for example, maps of street networks, 
of train lines, of bus routes). Because digital maps can be 
updated constantly, one can make maps of routes that 
change from day to day. 

Transportation departments use GIS to design and 
construct highways, taking into account not only the 
physical realities of slope and drainage, but less tangible 
qualities like fragile environments and scenic beauties. 
Safety engineers use GIS to look for places where the same 
types of accidents occur so they can redesign the roads or 
change the signs and signals. 

Urban traffic engineers use GIS to keep traffic moving 
smoothly and safely along the streets of their cities. 
Diagrams of intersections and inventories of signal control 
equipment are integrated into their system databases. The 
locations of signals are tied to streets, accident files, and 
traffic data. GIS is used to predict future congestion and 
pollution, too, and to solve those problems as well. GIS 
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gives engineers the data-based means to encourage people 
to reduce their dependence on new roads: to stop driving 
alone and ride in carpools, use public transit, ride bicycles, 
stagger work shifts, or even work at home. GIS helps match 
carpoolers by where they live and work, by the hours they 
work, and even by whether they prefer to ride or drive. 
Some times ago, GIS has been incorporated into the 
emerging area of intelligent transportation systems. Here, 
traditional basemaps are updated in real time with 
information on traffic levels, which is then provided to 
traffic operations, enforcement and emergency response 
teams.  

With GIS playing a larger role in transportation industry, 
state and local governments, as well as public transport 
operators have a wider variety of instruments and tools for 
collecting and processing data. 

In movement sensors, red-light cameras, and closed-
caption television (CCTV) equipment are being installed at 
intersections or along highways to help detect the speed and 
volume of traffic blow and adjust signs and signals 
accordingly. Global positioning systems (GPS) are being 
installed in taxis, trains and even snow blows. Onboard 
computers can collect information from vehicle’s operating 
system and upload it by satellite link, along with the 
vehicle’s position obtained by a GIS receiver. All of the 
above are examples of data that can be loaded into a GIS. 

In computer world, railways around the world use GIS to 
manage real estate and facility databases to organize data 
for several different departments: engineering, emergency 
operations, and railway maintenance among others. They 
use GIS to keep track of where locomotives are as they run, 
so any problems (detected with on board sensors) can be 
required immediately at the nearest service facility. 
Commuter railways, subways, and light rail operators are 
starting to provide electronic maps to customers, at stations 
and over the Internet, showing train positions and arrival 
and departure times. 

Public transport agencies use GIS to plan and analyze 
bus routes, combining route databases with residential and 
business demographics to find ways to get more rides and 
to lower costs. 

Airport authorities use GIS to plan runways and parking 
lots, but they also use its three-dimensional capabilities to 
look at flight paths and the noise contours generated by 
passing planes. With this information, they can plan landing 
and takeoff paths that stay clear of tall buildings and away 
from residential areas. Airlines use these systems to analyze 
flight routes and plane capacities to see where they might 
add a route or change a destination and to plan rerouting 
when weather forces some airports to close. 

V. CONCLUSIONS AND FUTURE APPLICATIONS 

Location-based services (LBS) can be defined as any 
service or application that extends spatial information 
processing or GIS capabilities to end users via the Internet 
and/or wireless network. Such services combine scalable 
GIS technology, easy-to-use browsers, mobile and wireless 
devices and wireless and Internet infrastructure with Web 

Servers to provide information and services whenever and 
wherever they are needed. Thanks to GIS, computer 
programming and a little intellectual ingenuity, LBS now 
has the ability to provide a solution to the persisting 
problem of the intractable incapability of prevalent 
technology to extend utile spatial information to a user in 
terms of his/her geographical location. 

As wireless Internet access becomes more popular and 
cheaper, mobile mapping will allow along with Wireless 
Internet. Providing Map content to the mobile terminal is 
easy. Many studies indicate that there will be more people 
accessing Internet through mobile devices than desktop 
computers. Mobile mapping is a good contender to provide 
killer applications in this convergent world. As the first 
truly open standard for intelligent messaging services for 
digital mobile phones and other mobile terminals, the WAP 
protocol will lead to a wireless data boom in the mass 
market.  

Finally, GIS has the potential to be the integrating 
technology for all aspects of the telecommunication 
industry. Today it is commonly used in typical automated 
mapping/facilities management applications such as 
planning, fault tracing, and engineering design. However, 
there is a greater use of GIS in applications such as demand 
forecasting, system design, and strategic marketing. GIS 
will help provide a much better comprehension of market 
segmentation and the recognition of population distribution 
patterns. This will allow the industry a greater 
understanding of their customer base and allow it to better 
provide optimal products and services. 
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Characteristics of Low-Voltage Installations as Transport 
Medium in Office Buildings  

J.M. Lukić1, D. Pokorni2, N. Simić3 

 
Abstract – Data transfer through powerline network in typical 

office building is measured and tested. Achieved results are 
presented within this paper, and conclusion is made based on 
presented results that powerline network could be new 
transmission media in the access network. 
 

Keywords – Low-voltage network, Ethernet, Data transfer   

I. INTRODUCTION 

During last few years, the strong development of powerline 
communication technologies could be seen in the world. PLC 
became a competitive technology for access and home 
network.  

 
Constant follow up with latest achievement within 

powerline communication industry resulted in our 
consideration that the most interesting area for deployment of 
powerline communication will be home network. Main reason 
for that consideration is the fact that is possible to establish a 
new home network without installation of new network 
infrastructure. Instead, PLC use existing indoor low-voltage 
(220V AC) network, thus power cables becomes also the 
network infrastructure. 

 
Based on above mentioned, we focused our work on 

measurement of characteristics related to attenuation and data 
transfer through home low-voltage electrical installation. 

 
Measurements, presented in this paper, are result of 

continuous work on PLC network. Results from the first phase 
of our measurements are published at Telfor 2007 [3]   

II. EQUIPMENT – TECHNICAL DESCRIPTION 

Used PLC network is an ISO-OSI layer 2 system. This 
system operates by transporting Ethernet frames to/from non-
PLC systems. PLC devices implement an IEEE 802.1D 
compliant bridge functionality to achieve interworking with 
external non-PLC world. The system operates at layer-2 for 
end-user traffic, but each individual device still runs complete 
implementation of TCP/IP protocol stack and application 
protocols on top of TCP/IP. 
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Used equipment operates in a frequency range between 2 
and 34MHz, but each device could be configured to use a pre- 
or user-defined subset of above mentioned frequency range, 
which is used in frequency dependence of line characteristics 
measurement. Equipment work on an OFDM based physical 
layer, which is highly optimized to deliver a data-rate of 
205Mbps. 

 
OFDM is particularly suitable for harsh communication 

environments and is the de-facto transmission technology of 
choice for PLC networks. 
 

Used equipment comprises two devices, with same 
hardware functionalities, but configured to be a master and 
repeater device in the PLC network.  
 

Used API-2000-GW, developed by Current Technologies, 
is a specially designed low-cost, high performance 
infrastructure device for low-voltage powerline networks. 
API-2000-GW has a transmission speed of up to 205 Mbps 
and the capability of handling up to 32 parallel PLC 
connections. 

III. CHANNEL ATTENUATION MEASUREMENT 
RESULTS 

Propagation of telecommunication signals over powerline 
introduces an attenuation, which depends on the line length 
and the frequency. According to [4], the transfer function in 
the frequency domain can be presented as: 

∑
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−⋅=
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2),()( τπ  

where is 
gi  –  weighting factor, depend of reflection and 
transmission 

i  –  variable, represents delay by the path and 
li  –  path length 

 
So, first phase of experiment comprises dependence of 

channel attenuation upon distance between end user device 
and master device. Master device was stationary and 
connected to one power outlet within building electrical 
installation while end user device position has being changed 
increasing distance from master device. Results of feasible 
data flow is given in table 1 (Downstream is feasible date flow 
from master to end user DB and Upstream is feasible data 
flow from end user DB to master), whilst figures 1-5 gives 
graphs for receiver level upon frequency dependence for four 
particular distances. 
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Value attained for distance of 2m is referent value, because 
there is no influence of the power load in the home electrical 
network. Distance of 2m is obtained through one power cable 
which is not connected to building electrical installation. 

 
TABLE 1 

FEASIBLE BANDWIDTH UPON DISTANCE DEPENDENCE 
 

Distance 
[m] 

Downstream 
 (Physical layer) 

Upstream 
(Physical layer) 

2 153 Mbps 150 Mbps 
10 133 Mbps 115 Mbps 
12 129 Mbps 83 Mbps 
16 125 Mbps 82 Mbps 
20 102 Mbps 78 Mbps 
25 88 Mbps 88 Mbps 
30 73 Mbps 86 Mbps 

 
From the table above, it can be seen that feasible data flow 

is decreased with distance. Also, that 30m distance (through 
electrical installation) could be exceeded with powerline 
master device and feasible data stream on physical layer is 
above 70Mbps. 

 

 
Fig. 1. – Receiver level for 2m distance 

 

 
Fig. 2. – Receiver level for 10m distance 

 
Values shown in the above table are feasible data flow on 

the physical layer and downstream values are higher than 
upstream on lower distances. With increase of distance, these 

two values became alike. 
 

 
Figure 3. – Receiver level for 16m distance 

 

 
Fig. 4. – Receiver level for 25m distance 

 

 
Fig. 5. – Receiver level for 30m distance 

 
Forehead figures show that receiver level is decreased with 

distance. Also special attention shall be paid on figures 2 and 
3, which show average level of -22dB and -27dB. But there is 
a hole in receiver level value below 10MHz, which descend 
average receiver level. 
 

Our next phase target will be to determine maximum 
possible distance in order to have data transfer through 
powerline with stated quality of service. 
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IV. CHANNEL CHARACTERISTICS DEPENDANCE ON 
FREQUENCY 

PLC uses bandwidth from 2-34MHz for data transfer. In 
this experiment phase this bandwidth will be changed. 
Channel characteristics will be measured in three custom 
bandwidths on the same distance of 20m between master and 
end user device to identify dependence of receiver level from 
frequency. 

 
Measurement was conducted in following bandwidths: 

Band number Frequency [MHz] 
1 2-12 
2 2-22 
3 13-33 

 

 
Fig. 6. – Receiver level between 2-12MHz 

 

 
Fig. 7. – Receiver level between 2-22MHz 

 

 

Fig. 8. – Receiver level between 13-33MHz 
 
Figures 6, 7 and 8 presents measured results. From the 

attained results, it can be concluded that receiver level is 
highest at the beginning of frequency band. Difference 
between the receiver level on frequency band 1 and frequency 
band, which is twice wider, is 3dB. Also, receiver level is 
above attained values for distance of 25m and 30m and 
presented in previous chapter. 

 
Values presented on figures 2 and 3 are lower than attained 

for distance of 20m, and that is result of holes in frequency 
band below 10MHz. 

 
Presented results imply that data transfer is possible with 

powerline as transmission medium. In the following chapter 
comparison of data flow within UTP and PLC based LAN 
will be shown. 

V. COMPARISON OF UTP AND PLC 
Last step of conducted experiment was to compare PLC 

and UTP as physical layers in the computer network. One 
40MB data file was transferred between two computers, and 
current data flow between these two computers was measured 
within 100s. Attained results are shown with figures 9 and 10. 
 

 
Fig. 9. – Data flow between computers through UTP based LAN 

 

 
Fig. 10. – Data flow between computers through PLC based LAN 
 
These results show that data flow is nearly the same 

through UTP and PLC network (around 1Mbps, y axis on the 
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attached figure), which is great discover for further 
development of PLC networks in Serbia. Big advantage of 
PLC networks is that this technology use existing cable 
infrastructure (electrical installation) and that initial expenses 
for network establishment are lower than for other network 
technologies. 

 
PLC technology use OFDM as modulation technique. From 

the figure 10 it can be seen that data flow is not stationary. 
Data flow varies within time, because particular sub-carriers 
are not used due to noise on the subject frequency. At the one 
moment, data flow is higher, because all sub-carriers are used 
and after, the data flow is lower, because particular sub-
carriers are not used. 

VI. FOLLOWING MEASUREMENTS 

It is clear, from the conducted measurements, that PLC 
could be competitive technology to other home network 
technologies. Plan for following measurements is to establish 
PLC network with protection earth and neutral conductor and 
to measure channel characteristics within those conditions. 
According to theoretical results additional power load shall 
have smaller influence, when protection earth and neutral 
conductor is used, than that of phase and neutral conductor. 
 

Additionally, same network topology could be installed 
with phase and neutral or protective earth and neutral 
conductor, so influence from additional power load could be 
measured. 

VII. CONCLUSION 

Conducted measurements show that data transfer through 
PLC network is possible and that PLC is valuable technology 
which uses electrical installation for access and home 
network. 

In comparison with UTP based LAN, data transfer in local 
network was nearly without difference. So with improved 
standardization on global level, which is certainly the problem 
and with further development of user equipment, PLC 
technology could be deployed and tested within one of local 
Power Distributions for the purpose of establishing of smart 
electrical grid. 

 
Smart electrical grid and smart home will be established in 

near future and PLC, as common medium, should be 
considered for that. 
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Initial Direction of Arrival Estimation for  
Direction Lock Loop in DS/CDMA 

Nenad Denić1, Nenad Milošević2, Zorica Nikolić3 

 
Abstract – In this paper, an algorithm for initial direction of 

arrival estimation is proposed. The proposed algorithm is made 
for model of the mobile receiver having three antennas.1 Tree 
antennas system is divided into tree separate systems in a very 
small time interval pointed in different direction. It is shown that 
the algorithm is able to estimate azimuth of arriving signal.  

Keywords – Direction of arrival (DOA), Direction lock loop 
(DiLL), DOA tracking, estimation matrices, smart antenna, 
shifted angle, locking range... 

I. INTRODUCTION 

World’s first cellular network based on analog radio 
transmission technologies was put in service in early 1980’s 
[1]. The first network reached high number of subscribers 
within the first few years. On the other side, subscribers had 
demand for higher capacity. 
  The first CDMA network was commercially launched in 
1995, and provided ten times more capacity then analog 
network. Since 1995, CDMA network evaluated and whole 
system is demonstrated in theory as well as in practice. 
CDMA system based on the direct sequence (DS) spreading 
technique can in fact offer a higher bandwidth efficiency than 
its predecessors, such as the frequency division multiple 
access (FDMA) and TDMA techniques [1].lessen 

High capacity DS/CDMA system demands clear signal 
without interference with other signals. In urban area 
multipath signals are common. Multipath signal decreases bit 
rate capacity. To reduce multipath influence on system 
capacity, many different techniques are used. One of the most 
important and most promising methods is space-division 
multiple-access (SDMA), implemented by using smart 
antenna systems and spatial filtering interference reduction. In 
recent years, smart antenna systems based on direction-of-
arrival (DOA) have been developed to effectively suppress 
undesired signals from other directions by forming a beam 
pattern [2].  

Eigen structure methods such as MUltiple SIgnal 
Classification-MUSIC and Estimation of Signal Parameters 
using Rotation Invariance Techniques-ESPRIT [3], [4]. 
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However, these methods demand a lot of processing power 
and are not suitable for moving sources. 

Subspace tracking algorithms have been proposed, such as 
projection approximation subspace tracking with deflation 
algorithm (PASTd) [5]. This algorithm tracks a signal 
subspace recursively. The computational requirement can be 
reduced in DS/CDMA systems with the assumption that a 
signal power is much stronger than that of the multiple access 
interference (MAI) after despreading [6]. 

In [7], tree dimensional DOA tracking scheme for 
DS/CDMA systems is proposed. The algorithm can track both 
azimuth and elevation if the initial values of these angles are 
within a certain range which is referred to as, the locking 
range. An error signal for the DOA tracking is generated from 
the spatial correlation of an input signal and the array 
response vectors whose directions are shifted from the current 
DOA tracking value. This error signal is used to iteratively 
update DOA tracking value. The DiLL may be implemented 
in both coherent and noncoherent modes. System for DOA 
estimation and tracking can work properly if the initial system 
direction is in locking range.  

Initial direction of arrival for azimuth in DiLL algorithm is 
proposed in this paper. The algorithm is able to estimate 
azimuth of the incoming signal. As shown in [8], DiLL may 
be coherent or noncoherent.  

II. SYSTEM MODEL 

The system model is the same as in [7]. Mobile receiver has 
one antenna at top, one at bottom and one antenna at its side. 
Having in mind Fig. 1, the mobile receiver has length of 2d, 
and width of 2h. In [7] it was shown that three antenna system 
can track both azimuth and elevation if is initial direction in 
certain locking range. To estimate initial value of azimuth the 
tree antenna system is divided in tree two antenna systems 
shifted for certain angle in space. Dipoles on Fig.1. are 
marked with numbers 1 to 3. 

Let consider a two antenna array. Array response for this 
system, with the dipoles marked as n and m, is: 
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Where AAA == 21 , k = 2π / λ, θ is the angle of arrival, θn is 
the angle of antenna system direction, d represents distance 
between dipoles n and m. For dipoles 1 to 3, the Eq. 1 can be 
represented as following: 
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Fig. 1. A model of the antenna system 

 
 Fig.1 shows that there are tree two antenna systems 1−2, 
2−3, 3−1. System 1−2 must have pattern pointed at angle θ0, 
and 2-3 at angle θ1. Two antenna system 3-1 represents a 
reference system and its pattern is pointed at 270° direction. 
 Angle θ0 can be calculated from: 
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 Using simple operations, θ0 can be represented as: 
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From Eq. 5, θ1 is calculated as: 
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III. INITIAL DIRECTION OF ARRIVAL ESTIMATION 

In this section, the principle for the initial direction of 
arrival estimation will be described. 

Basic idea of this system is to measure signal power in each 
of two antenna system. In the beginning, radiating pattern of 
two antenna system 1-2 is pointed at angle θ0 as shown in Fig 
2.a, and the signal power is measured and saved. After Δt 
period of time, system 2-3 pattern is pointed at angle θ1, Fig. 
2.b, and again the signal power is measured and saved. The 
same is repeated for system 3-1, shown in Fig. 2c, and pattern 
is pointing at angle 270°. 

Received signal power values make power array: 

 )](),(),([)( 133221 eeee PPPP θθθθ −−−=  (7) 

Where )(θmnP −  represents the power received by two 
antenna system n-m. )(θmnP −  can be written as: 

 semnemn PFP )()( θθ −− =  (8) 

where Ps represents signal power at the input of n-m system. 

For each two antenna system array response has to be 
measured and saved. 

 

 
a) 
 

 
b) 

 
c) 
 

Fig. 2. Array response for two antenna systems, 
a) )(21 θ−F , b) )(32 θ−F , c) )(13 θ−F  

 
To put in same reference system 3-1, the other two array 
responses must be reordered, i.e. array F1-2(θ) has to be shifted 
shifted for θ0 and F2-3(θ) for θ1. So 

 )()( 02121 θθθ −= −
∗
− FF  (9) 

 )()( 13232 θθθ −= −
∗
− FF  (10) 

 Estimation matrix can be represented as: 

 )](),(),([)( 133221 θθθθ ∗
−

∗
−

∗
−

∗ = FFFF  (11) 

Using Eq. (8) in (7), the received signal power array is 
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 ])(,)(,)([)( 133221 sesese PFPFPFP θθθθ −−−=  (12) 

The algorithm used for angle of signal arrival estimation is 
shown in Fig. 3. 
 

 
Fig.3 Algorithm for initial DOA estimation  

Fig. 3 represents mathematical algorithm for initial DOA 
angle form estimation matrices and power array. Power value 
of first two antenna system is divided with estimation matrices 
value for certain angle. Next step is subtraction of values 
D1(θ) and D2(θ). If absolute difference is not smaller or equal 
than eps (threshold), angle value is changed for +1. If 
difference is smaller than eps algorithm will check the 
difference between D1(θ) and D3(θ). If their difference match 
criteria angle θ is DOA angle θe.  

IV. SIMULATION RESULTS 

In this section, an example of initial DOA estimation will be 
shown. Simulation is performed in Matlab. It was chosen 
d = λ / 2 and h = λ / 10, f = 1800 MHz, Ps = 0.5W, and angle 
of signal arrival is 72°. 
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Fig.4 DOA final results  

Fig.4. shows functions D1, D2 and D3 as a function of 
estimated angle θ. It can be seen that all curves intersect at 
angle θ = 72°. Therefore, the direction of arrival is determined 
correctly. 

V. CONCLUSION 

In this paper, an algorithm for s initial direction of arrival 
estimation is proposed. The algorithm is able to estimate 
elevation by forming the estimation matrices and a power 
array. It was shown that the proposed algorithm can estimate 
the direction of arrival of the incoming signal. System for the 
three dimensional DOA estimation and way how to solve 
problem for initial elevation estimation will be the subject of 
the authors' future work.  
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Abstract – The wideband mobile networks give us a lot of new 

and different services. This kind of networks will give the 
subscriber full mobility with the guarantee of best Quality of 
Service (QoS). The different type of services will have different 
QoS. The characterization of source traffic is particularly 
important for the analysis of control, protocol, and architecture 
issues of the wireless mobile networks. Computer simulation 
provides a valuable tool for engineers and scientists to better 
understand such issues as network control, protocol and 
architecture without the need to do real hardware installation.  
 

Keywords – Priority traffic, Traffic model, Wideband mobile 
networks, QoS 

I.  INTRODUCTION 

The 3G and 4G wideband mobile networks give us a lot of 
new and different services. This kind of networks will give the 
subscriber a full mobility with the guarantee the best Quality 
of Service (QoS). The different type of services will have a 
different QoS. Unlike the current generation services, it is 
natural to  admit  for  the  future  a  broad  range  on  the 
characteristics  and  the  sensitivities  of  the  calls. Voice  
calls  have  time  constraints,  constant  (and low)  rates  and  
can  tolerate  some  losses.  Video calls need guaranteed 
throughput but have variable rate and bounded delays. 
Conventional data traffic is loss sensitive but requires no 
bounded delay nor guarantee.  Critical  data  can  have more  
stringent    requirements  towards  losses  and the need  for  
real-time constraints. Additionally, it should  be  possible  to  
have  groups  of  individual QoS-different  calls,  such  as  
multimedia connections  of  audio,  video  and  data.  A 
guaranteed QoS  for  each  of  these  classes  have  to  be 
provided while maximizing the use of the network resources 
available.  In this paper we investigate the handoff in the 
wideband mobile networks from 3G and 4G. We investigate 
the usage of priority traffic models to model Qos and handoff 
in wideband mobile networks. We analyze handoff in 
wideband mobile networks using models with priority traffic 
systems.  

II. PRIORITY TRAFFIC SYSTEMS 

There are a number of models developed for this subject  

 
[4-6], who examine the mobile networks (GSM/GPRS/EDGE) 
and generally dividing the traffic in voice traffic and data 
traffic. The problem was discussed and studied and several 
solutions were offered for design of UMTS network on the 
basis of priority queueing systems, with the assumption that 
the voice traffic priority is higher than the data traffic.   

In [4] QoS is studied in GSM/GPRS network and it is 
accepted that the arriving flows both from new calls and from 
requests for transfer of connection  are of Poisson nature and 
have two levels of priority.  Here prioritization is examined at 
the level of connection transfer, and two priority levels are 
defined depending on the channels.   

[5] uses another approach, simulating again voice traffic 
and data traffic, but here the data is simulated with ON-OFF 
sources. Prioritization is applied with simulation of the 
interactive class using two approached – priority queue and 
non-priority queue.   

Another approach is chosen in [7], where the access of 
different service classes to the common network recourses is 
simulated. Considering the priorities of different classes they 
receive different access rights to the recourses.  This is 
performed on the grounds of access to a separate transfer 
cycle for the basic service. Different services depending on 
their priority receive access to the transferring medium 
(преносната среда) during a specific cycle. The QoS in this 
case is negotiated upon building the connection and is 
maintained to the end.     

III. DATA TRAFFIC MODELING 

ON/OFF process 
The large number of ON/OFF processes may describe the 

varied traffic very well. The ON/OFF process is respectively 
in ON or OFF status. We determine the time series by 
monitoring the number of ON processes in any point in time. 
If the ON-times and OFF-times are drawn according to their 
distribution in lines similar to the Pareto distribution in 
parameters and then the resulting stochastic process in some 
of its parts is similar to the Gauss process. 
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Fig. 1 On – Off process 
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Markov Modulated Poisson Process 
 
An MMPP is a doubly stochastic Poisson process. The 

MMPP has been extensively used to model various sources, 
such as voice and video and to characterize superposed traffic. 
In general, MMPP is a n-state model where the holding times 
and inter-arrival times in each state are exponentially 
distributed. Also, if individual traffic sources are modeled by 

an MMPP, the superposition of different sources can be 
described by another MMPP. The arrivals occur in a Poisson 
manner with a rate that varies according to a n-state (phase) 
Markov chain, which is independent of the arrival process. 
The two state model has been widely used in the study of 
voice and video traffic. 

 
Interrupted Poisson Process   
 
The IPP is a Poisson process that is alternatively turned on 

for a period distributed exponentially and turned off for 
another exponentially distributed period, like the On-Off 
model. The difference however is that during the active 
periods, the inter-arrival times of packets are exponentially 
distributed (i.e. in a Poisson manner). Let r1, r2 and l 
respectively denote the average duration of active and silence 
period, and the cell generation rate during active period. The 
simplest way to determine these IPP parameters is to set the 
mean active duration to the mean sojourn time of the packet 
arrival process r1, and to set the mean silence period length to 
r2. And the mean cell generation rate during an active phase is 
set to that of the packet arrival process(T) 

IV.  A PRIORITY SYSTEM MODEL IN WIDEBAND 
MOBILE NETWORK 

Let the random quantity  be the time for occupation of 
the channel by a voice call.  This is the duration of a voice call 
if it not interrupted.   A call must be interrupted if handover of 
the connection is required and the handover is not completed 
before the end of the call.  For the time for occupation   
we assume that there is exponential distribution with 
mathematical expectation  

CVT

CVT

 [ ] ( )CVTCV
M μ1= .          (3.1) 

Let us mark the time for occupation of channel from data 
call with the random quantity . This is the sum time 
necessary for the data transfer. We assume that it has 
exponential distribution with mathematical expectation    

CDT

[ ] ( )CDTCV
M μ1= .          (3.2) 

Let the random quantity  be the time of the stay of the 
mobile user in the cell. Again we assume that this time has 
exponential distribution with mathematical expectation 

dwellT

[ ] ( )dwellTdwellM μ1= .                       (3.3) 

The channel assigned for serving a voice call will be 
occupied until the call ends within the cell limits or until the 
mobile user leaves the cell before the call ends.   Thus, the 
cannel occupation time of a voice call  is equal to the 

smaller of the times  and .  
VT

dwellT CVT

[ ] ( )[ ]
dwellCV

CVdwell
V

V TTETM
μμμ +

===
1,min1

 (3.4)

   (1)  
Fig. 1 On – Off process The channel assigned for data call which was not 

interrupted because of priority request for transfer, will be 
occupied until the data transfer is completed within the cell 
limits or until the mobile user moves to a neighbouring cell 
before the transfer is over. Similar to the case with the voice 
call, the cannel occupation time of a data call  is equal to 

the smaller of the times  and . And again, in this 

case  has exponential distribution with mathematical 
expectation: 

DT

dwellT CDT

DT

[ ] ( )[ ]
dwellCD

CDdwell
D

T TTMM
D μμμ +

===
1,min1

(3.5) 

We assume that the processes of arrival of new voice calla 
and data calls in a single cell are Poissonic with intensity   

OVλ  and ODλ . 
If the time for occupying one channel (времето за заемане) 

by a mobile user is longer than the time of stay in the cell 
(времето за престой в клетката), the transfer request shall be 
initiated in a neighbouring cell. Let HVλ  marks the intensity 

of arrival of transfer requests, including voice, and HDλ  
marks the intensity of arrival of transfer requests for data 
transfer. It is clears from the above explanations that: 

[ ] dwellVHV CE μλ =                        (3.6) 

where [ ]VCE  is the average number of channels occupied 
by voice calls in the cell. And: 

[ ] dwellDHD CE μλ =           (3.7) 

where [ ]DCE  is the average number of channels occupied 
by data calls in the cell. We assume that the processes of 
arrival of both types of transfer requests are Poissonic with the 
above-mentioned intensity. A data call in the queue of one cell 
shall be transferred to the queue of a neighbouring cell when 
the user leaves the first cell before the call is given a channel. 
The intensity of arrival of such transferred requests TDλ  in 
the marked cell is given with the equation: 

dwellDTD L μλ =           (3.8) 

where  is the average number of calls waiting in the 
queue Q. And again, we assume that the process of arrival of 
transferred data calls is Poissonic.   

DL

 
For simplicity we will use a scheme with channels with 

fixed assignment. That means that a certain number of 
channels are constantly assigned to a cell. We examine a 
system with numerous homogeneous cells, each cell with  S 
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channels. However, we will concentrate on one cell. We will 
call this cell “a marked cell”. As shown on fig.1 in the base 
station we have a queue Q with capacity M for data calls. 

 
Fig. 2  A teletraffic priority queueing system model for handover 

hen a user using a channel in  a neighbour cell is getting 
cl

 
W

oser to the “marked” cell and the strength of the signal 
received from the current base station is reduced to the 
transfer threshold – a request is generated for the transfer of 
the call to the marked cell. Priority is given to voice transfer 
requests. If on arrival of a voice transfer request,  it turns out 
that there are no free channels, and there is a channel occupied 
by a data call, this channel is vacated. The data call is sent to 
the queue where it will wait till a channel is vacated. 

 
Fig. 3  State transition diagram 

On arrival on newly generated voice calls they will be 
bl

o receive specific results a simulation a MATLAB 
pr

 

 

ocked if at the moment of their arrival there are no free 
channels.  The data transfer request is put in the queue Q, 
when upon its arrival it turns out there are no accessible 
channels. It shall be blocked only if the queue is full.   

 
T
ogram was developed.  The program  aims at simulation of 

the system behaviour in different arriving traffic and different 
correlation between the data traffic to general traffic.  We 
define the general traffic of new calls in the marked cell   (A)  

        

CVOVCDOD TETEA λλ +=                            (4.1) 
 
nd  γ- coefficient giving the correlation between the data 

tra
a
ffic to general traffic.     

  

 
[ ] [ ]

[ ] [ ]CVOVCDOD

CDODCDOD

TETE
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A
TE

λλ
λλγ

+
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V. RESULTS 

The simulation program aims at showing how the values of 
the blocking probability and number of calls in the queue are 
influenced by changes in the general traffic or data traffic.  
We define the following initial data for the program:   

S number of channels in the system; 
Sc – number of voice channels;  
M – capacity of queue Q;  
Time of occupation of a channel by a voice call;  
Time of occupation of a channel by a data call;  
Time of stay of an user in the cell ;  
general traffic to the system – we will vary it from 0 to 10 

Erlangs;  
correlation between the data traffic to general traffic– we 

will vary it from 0 to 1 , i.e. 0% to 100% data traffic.  
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To study how to adopt the preemptive priority handoff 
scheme into the system with dynamic channel allocation is 
also our future work. 
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Application of Wireless Sensor Networks in 
Environmental Monitoring and Agriculture  

Nikola Rendevski1, Violeta Manevska2, Elena Vlahu-Gjorgjievska3, Blagoj Ristevski4 

Abstract: Background and Aims. The main aim of this study is 
to define the possibilities of wireless sensor networks application 
in agriculture and environmental monitoring in Macedonia, 
where agriculture is one of the crucial economy development 
facts. As the environment is basic condition for agriculture 
development, these two terms are strongly connected. Wireless 
sensor networks as one of the immerging technologies is fully 
applicable in those areas, because of cheap implementation and 
scalability. Environmental monitoring is very essential part of 
our existence as the world became dangerous place for living. 
The danger is very hard to be predicted but always the on time 
reaction can allay the consequences. In fact, in the past years the 
region of Balkan Peninsula including Macedonia was hit from 
huge fires resulted with destroying the flora and fauna in many 
National Parks, human life loss and large material loss. One of 
the reasons for this situation was the missing of on time 
information about locations, dimensions and environmental 
parameters in the fired areas. Also, the precise on time 
information is one of the key factors for improving agricultural 
production. Implementation of modern technologies in 
agriculture in order for its improvement is termed as “Precision 
Agriculture”. As a conclusion, the wireless sensor networks are 
the future of modern agriculture and environmental monitoring 
issues.  

Keywords: wireless sensor networks, precision agriculture, 
environmental monitoring. 

I. INTRODUCTION 

In the past decade we were witnesses of the rapid progress 
and development in electronics and communication 
technologies.  

This progress was especially experienced in mobile and 
wireless communication and embedded systems. The recent 
advances in MEMS technology and modern types of sensors, 
introduce us in our everlasting dream – ubiquitous, pervasive 
computing.  
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Wireless local area networks (WLANS) are implemented 
almost everywhere, in our homes, workplaces, our cities and 
they are modern life reality. Also, the wireless personal area 
networks (WPANS), provide cable-less communication 
among devices such as personal computers, printers, PDA’s 
etc.  

One of the main reasons for recent progress in wireless 
communication was the extremely need for mobility. Today, 
we need freedom in our movements as we are conditional 
from different types of electronic devices which are tools for 
execution of daily working duties.  

We can sure confirm those well known facts, but naturally 
one question is here present: What is the future? Where is the 
way of the next revolution in computing?  The right answer of 
this question was given by the father of ubiquitous  
computing – Mark Weiser: “Specialized elements of hardware 
and software, connected by wires, radio waves and infrared, 
will be so ubiquitous that no one will notice their presence”.  
This citation make us to think in a way that next step in 
communication technology development will be focused in 
enabling communication abilities to all types of devices. The 
right term for this performance is “Everything Connected”.   

Very interesting and challenging field of communication 
networks – Wireless Sensor Networks (WSN) is rapidly 
coming of age. The emergence of Wireless Sensor Networks 
has enabled new classes of application that benefit a large 
number of areas including environmental monitoring, 
geology, agriculture, health, retail, military home and 
emergency management. Wireless Sensor Network is an 
infrastructure consisted of sensing, measuring, computing and 
communication elements that give us ability to instrument, 
observe and finally, react to the events and phenomena in 
specified environments.  The environment can be physical 
world, biological system or an information technology 
framework. 

There are four basic components in a Wireless Sensor 
Network: set of distributed and localized sensors, wireless 
interconnecting network, central point of information 
clustering and set of computing resources to handle data 
correlation and mining and event trending. The main 
technology trend is integration of all this components in 
single box called mote. On the Figure 1. is illustrated the main 
architecture of  the typical sensing node. This architecture can 
be expanded by adding additional elements including location 
finding systems (GPS modules), actuators etc. 

The mote includes sensors which are capable of sensing 
many types of information from the environment including 
temperature, light, humidity, radiation, the presence of 
biological organisms, geological features, seismic vibrations 
etc. These environmental information give us the real picture 
what happens around us and Wireless Sensor Networks are 
the right platform to obtain them.  
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Fig. 1: Typical sensing node. 

II. POSSIBILITIES FOR WSN APPLICATION IN 
ENVIRONMENTAL MONITORING. 

Environmental monitoring is one of the crucial interests in 
many scientific, military and civil areas. The common for all 
is the need for on time and precise information about 
environmental parameters.  

In this text, we are focused on possibilities of Wireless 
Sensor Networks applications in environment protection, 
especially in fire protection of National Parks in Macedonia. 
The main reason to think in this way is the fact that our region 
- Balkan Peninsula including Macedonia is often hit by fires 
in summer period, resulting with large material and nature 
loss. By the analysis and information provided by the local 
fire stations in Macedonia, we conclude that the biggest 
reason for late fire station reaction was the missing of 
information about locations and intensity of the fire in fired 
places.  

Wireless Sensor Networks are the cheapest and the most 
effective solution for preventing these types of disasters. One 
of the fundamental concepts of Wireless Sensor Networks is 
cost-effective implementation. In fact, all of these problems 
can be solved by using traditional sensors, wired systems or 
standard wireless protocols, but the solution will be extremely 
expensive. Wireless Sensor Networks design is based on 
using low-power and cheap elements, which can be deployed 
with high density over the area of interest. Some informal 
sources says that in Macedonia in the past years the material 
loss from fires was about 70-80 million Euros.  This amount 
is more than enough to cover the main National Parks with 
multi-modal wireless sensing motes, which are capable to 
detect, localize and alarm presence of fire in critical areas. 
These motes are small-size and cost-effective. Current sensor 
systems based on Bluetooth technology cost about 10$, but 
Bluetooth is very limited as a transmission technology in 
terms of bandwidth and distance.   

On Figure 2. is shown the miniature sensor mote – 
MacroMote, developed at UC-Berkeley (Courtesy of UC-
Berkeley). The size of the mote is approximately size of one 
coin.  

The first fundamental concept of Wireless Sensor Networks 
is the self-organization capability and system scalability.  For 
Wireless Sensor Networks to become truly ubiquitous a 
number of challenges must be overcome [1]: limited 
functional capabilities, including problems of size, power 
factors, node costs, environmental factors, transmission 

channel factors, topology management complexity and node 
distribution, standards versus proprietary solutions, and 
scalability. 

 

 
Fig. 2: Berkeley MacroMote 

All of these elements must be taken in advance before we 
start thinking about the system’s design. When we think about 
high distributed and high dense implementation of Wireless 
Sensor Networks over a critical wooden forest, the first 
question is how many types of sensors we need for effective 
fire detection? This question has physical nature and it is 
strongly connected with the fire phenomena. There are few 
sensible products of the fire presence: smoke (CO), increased 
air and soil temperature, light, and decreased humidity. For 
high reliable and stable system all of these factors should be 
taken. The presence of all of these elements with defined 
values, which depends from environmental conditions, can be 
adequate reason to think about fire presence. Also the system 
can be extended with low-resolution imagers for taking the 
image from the critical area. 

One of the main constraints about Wireless Sensors 
Networks is power consumption issue. The sensor node 
lifetime is in strong dependency with battery life. Distributed 
wireless sensor nodes have limited power sources based on 
AA alkaline cells or Li-AA cells. Replenishment of power 
source in many cases is almost impossible. The function of as 
sensor node in the observed sensor field is to detect defined 
events, perform local data processing and then transmit raw or 
processed data. Therefore power consumption issue can be 
allocated in three functional domains: sensing, 
communication and data processing each of which requires 
optimization.  

Deploying and managing high number of nodes, in 
example for fire detection purposes 100-200 nodes/km2, 
requires special techniques. Beside that many wireless 
protocols are designed to have ad hoc capabilities, they are 
not suitable for using in the field of Wireless Sensor 
Networks. As we said in above text, Bluetooth technology is 
very limited for using as transmission technology in 
bandwidth and distance boundaries. Sensor nodes based on 
Bluetooth are still expensive if we assume that we design high 
distributed and high dense network. 

The IEEE 802.15.4 standard has been adopted by the 
ZigBee Alliance for wireless personal area network 
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technology. The alliance is association of hundreds of 
members around the world, working together to enable a 
reliable and cost-effective networking of wireless devices for 
monitoring and control, based on an open global standard. 
There are three categories of logical devices in the ZigBee 
standard: Network Coordinator (FFD – Full Function 
Device), Router (FFD) and End Device (RFD - Reduced 
Function Device). The network coordinator is responsible for 
network parameters and configuration, router for linking the 
different components, and the end device contains just enough 
functionality to communicate with its parent node: router or 
coordinator. In the fire detection WSN application one of the 
most important issue is the network topology. Based on the 
logical devices defined in ZigBee protocol, the network 
topology can be organized in one of three possible topologies: 
star, mesh (peer-to-peer), and cluster three. On Figure 3. these 
types of topologies are illustrated. 

The star network topology is organized with single 
coordinator and support up to 65.536 devices. This topology 
is useful when the wireless sensor network is distributed in 
small distance area. In the case of fire detection application 
this topology will be not applicable because we expect to 
cover bigger wooden forest area. For this purpose the ideal 
will be mesh or cluster-tree topology. The mesh configuration 
implemented in the fire detection system will allow path 
formations from any source device to any destination device.  

In example if the area of interest is about 10 km2, we 
expect implementation of thousands sensor nodes. One of the 
main principles in this design is to realize capabilities for 
communication among all of the nodes in the network. 

 

 
 

Fig. 3: ZigBee Network Topologies 

The main interests are physical parameters: temperature, 
smoke presence (CO), humidity and light intensity, or more 
precisely changes in their values. All of the sensors nodes 
(end RFD devices) should alarm the parent FFD device 
(router or coordinator) about significant changes in the values 
of parameters. The algorithm for making decision for fire 
presence alarming, is based on the predict that if a sensor 
node registered rapid changing or increasing temperature and 
CO presence, and light, but decreasing humidity the panic 
procedure should be activated. The panic procedure should 
request parameter comparing among the sensor nodes. FFD 
devices in this situation are collectors of data about 
parameter’s conditions in the end devices that they cover. 
Also additional devices equipped with low-resolution cameras 
needs to be activated to get real-time images of the critical 
area.  Special software applications are needed for processing 
the data and final decision making. Thru the ZigBee gateways 
information can be send to the fire station servers where fire 
alarm will be realized. The system in the fire station will 
provide information to fire station staff about location and 

intensity of the fire. Localization can be realized by GPS 
systems integration in the sensor nodes. Sure this will 
increase the power consumption, but GPS system can be 
implemented in few sensor nodes that we will equip with 
additional power sources and alternative - renewable power 
sources. Then with implementation of localizing algorithms 
the localization can be achieved.  

Wireless Sensor Networks in the area of environmental 
monitoring today are unique solution which provides cheap 
implementation and scalability. Self-organization capability 
of the Wireless Sensor Networks is one of the crucial 
techniques which promising explosive development and 
innovations in the new network technologies. Expanding the 
network with new motes (nodes) is allowed by not changing 
the network topology and system’s architecture. 

II. POSSIBILITIES FOR WSN APPLICATIONS IN 
PRECISION AGRICULTURE 

In the past few years new trends have emerged in 
agricultural sector. Thanks to development in the field of 
Wireless Sensor Networks as well as miniaturization of the 
sensor boards, precision agriculture started emerging. 
Precision agriculture is focused on providing the means for 
observing, assessing and controlling agricultural practices. It 
covers a wide range of agricultural concerns from daily guide 
management through horticulture to field crop production. 
Also precision agriculture today includes pre and post-
production aspects of agricultural enterprises.    

The main aspect of precision agriculture is focused on site-
specific crop management. This includes different aspects 
such as monitoring soil, crop and climate in the field; 
generalizing the results to a complete parcel; providing 
decision support system for delivering insight into possible 
treatments.  

Wireless Sensor Network is a promising data mining 
solution of precision agriculture. These technology 
implementations will provide real time monitor to the plants. 
The main physical parameters as air temperature, soil water 
content and nutrition concentrations will be very easy to 
gather and process with the final result – right treatment. The 
real time information of the fields will provide a solid base for 
farmers to adjust strategies at any time. 

In the past few years, great attention was focused in smart 
irrigation systems. The main reason for that is the emerging 
need for water management and equally distributed soil 
moisture. Because the current wired systems, integrated in the 
field to provide information about these parameters, are very 
expensive, wireless sensor networks are completely ideal 
solution for this purpose. Implementations of wireless sensor 
networks in agriculture will make the modern farming 
completely different than current trend. Even there are some 
precision agriculture systems based on current wired and 
wireless technologies, the farmers are still in doubt about that 
is right investment. The cost price is the main reason for that 
skepticism.  

Wireless sensor network are just on of the main parts in 
precision agriculture systems. The concept of precision 
agriculture is implementation of technology that will provide 
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help in decision making. Precision agriculture is not only 
monitoring oriented. In the following text we will explain 
how we understand the ideal precision agriculture system: 
wireless sensors nodes highly distributed in the field and 
central data processing point where all information gathered 
from sensor motes are processed. This should include special 
designed software which should inform the farmer about the 
critical agricultural parameters and with integrated algorithms 
for best productivity to advice the farmer about next strategy 
which will be increase the productivity of the field. In the 
development of this system agriculture scientists, information 
technology scientists and chemistry scientist should be 
consulted. 

In our interviews with farmers in our region about their 
strategies for productivity we realized that they have habitat 
actions in the different period in the year, without any 
research about the need for that action. This situation makes 
them to waste money and resources for unnecessary activities. 
Sometimes they are not sure about the need for watering 
which goes to non- effective water management. Wireless 
sensor motes buried in different depth in the soil will provide 
real image about soil moisture. Based on those information 
and dependent from the culture in the field computer should 
advise the farmer about the need for watering. Also the 
possibility for farmer’s system connection with weather 
forecast stations will improve the water management. If the 
data gathered from weather station indicate that next day will 
rain, the soil moisture and soil chemical structure is expected 

to be changed. In this situation the system should advise the 
farmer about the next actions for best results. 

Information about individual conditions can be networked 
with global systems of organizations which care about 
country’s and world’s agriculture strategy.  

Wireless sensor network will change our life style. With 
this development speed and possibilities for application 
almost everywhere, this technology is very attractive for 
research. We encourage, especially the technical universities 
in our region, to include this technology in their syllabus. 
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Evaluation of Frequency Hopping Spread Spectrum 
Signals Stability Against Impulse Disturbances 

 
Galina P. Cherneva1 , Antonio Vl. Andonov  2

 
Abstract - The paper presents a study on the stability of 

frequency hopping spread spectrum signals against impulse 
disturbances with coherent receiving. Expressions of quantity 
evaluation of the noise-resistant feature sensibility in the case 
examined have been introduced and the possibilities of its 
reduction by changing the signal phase structure have been 
investigated.   

Keywords - frequency hopping, spread spectrum signals.   

I. INTRODUCTION 

One of the main characteristics determining the 
effectiveness of a radio communication system is the stability 
against disturbances [1,2].  It is characterized with the 
dependency of the fidelity of received communications  on the 
line energy parameters, algorithms used to transmit  
information and statistical characteristics of [1,2]. With 
discrete systems of connections, the error probability of 
distinguishing signals is used for fidelity assessment [1]. What 
is defining under the performance conditions of a number of 
radio communication systems,  it is the influence of impulse 
disturbances with signal receiving. This influence proves to be 
both in  the direct change of disturbance disperse and the 
faults of adapting devices of signal frequency-and-time 
processing, as a result of which the radio system effectiveness 
has been deteriorating.    

The paper presented is a study on the dependency of the 
noise-resistant characteristic of a frequency hopping spread 
spectrum signals (FHSSS) coherent receiver with the 
influence of impulse disturbances by signal and disturbance 
main parameters.   

II. PRESENTATION 

The mathematical model of impulse disturbances is the 
quasi-determined random process [2] that is described by the 
determinant function of the time of one or several random 
parameters: 

 ( ) ( )   ][ cos 00 ζψωξ +−= ttkt   ,                             (1) 

where: , ψζ  and are the initial phases and  ],[ 00 ζτ+∈ ttt ζτ
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duration of the impulse disturbance, t0 is the moment when it 
is acting. 

The analytical expression that describes the i-th signal 
element with FHSS [3] is: 
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{ }kki dd ∈  is the spectrum-expanding code sequence  
determining the initial phases of primary signals { }kki ψψ ∈ . 

As the degree of the interaction between the useful signal 
and the impulse disturbance on the frequency-and-time plane 
is analogous to their mutual correlation function, it is suitable 
to assume the average statistical value of the mutual 
difference coefficient in the position of interaction between 
them. This value is expressed in the kind of: 
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where К0 , Кζ , are the amplitude coefficients of the signal and 
disturbance,  Т=τ0N is the signal length, and  are 
the complex functions of the i-th signal and l-th impulse 

disturbance,  
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0     is the average power of the 

i-th  signal variant. 
The functional kind of the expression of the error 

probability with receiving by elements depends on the sets of 
signal parameters, the disturbances and the interaction 
between them:  
               { }{ }[ ]222 ;; ili GhhP ζ=  ,                                 (4) 

where 2
ih and 2

ζh  express the mean statistical properties of 

the ratios between the energies of the i-th signal variant and the 
l-th disturbance variant and the white  noise spectral density . 

The conditions of optimal receiving are maximally satisfied 
with coherent formation of signals transmitted as the error 
probability is determined [4] by dependency:  

               ( )[ ]еhP 21
2
1

Φ−=     ,                           (5)                 
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 is the integral function of 

Cramp’s distribution [1,4].  
The ratio  depends substantially on the receiver type and 

the frequency-and-time properties of the signals processed and 
influencing disturbances. In references [2,3,4] there are 
different diagrams of coherent receivers that are examined as 
the receiver diagram has been optimized or made more 
complex according to the noise environment. Thus it has been 
adapted to influencing disturbances. 

eh

For a receiver that is optimal under the conditions of white 
noise and concentrated disturbances, with the influence of 
impulse disturbances  is expressed in the kind of : eh
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It is evident that parameters D and b depend very much on 
the set of initial signal phases and moment t0  of the impulse 
disturbance appearance. 

Taking into account dependency (6), the noise-resistance 
characteristics is expressed in the kind of 
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The noise-resistance characteristic expressed by 

dependency (9) is a function of 2
ζh  and depends on the signal 

phase structure expressed by the set of initial phases { }kψ . 

III. PRACTICAL CONSIDERATION 

The functional stability of the receiver examined is 
evaluated by the quantity expression  of the noise-resistance 
characteristic (9) in respect to the variations of signal and 
disturbance parameters. In this sense, the sensitivity of error 
probability (9) has been determined towards the change of 

parameter b and the change of ratio 2
ζh : 
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The sensitivity of the error probability to the change of  2
ζh  

has been studied in two aspects: related to the decrease of 
parameter D by changing initial phases { }kψ  and to the 
increase of signal base (FT). The results of this study are 
given in Fig. 1.On the basis of the results obtained it follows 

that a weak change of 
the feature sensitivity 
to the variation of ratio 

2
ζh  has been 

accomplished by 
changing the signal 
phase structure. Fig.2 
shows the study on the 
sensitivity dependency 
of error probability 
according to the 
change of parameter b 
with the fooling 
features of the signal 
and impulse  
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02.0−

310−

1−

1=D
1.0=D

5=D

bZ

210−

110−

4.0−6.0−8.0− 8.02.0 4.0 6.0
b1

Fig.2. The dependency )(bfZ b =

able.  

IV. CONCLUSIONS 

The obtained dependencies of the noise-resistance 
characteristic sensitivity change on parameters depending on 
the set of initial signal phases { }kψ  have shown that the 

y of the coherent receiver under examination 
with the influence of impulse disturbances can be improved 
by an appropriate choice of the signal phase structure. On the 
other  side, it can be accomplished by a purposeful selection 
of a spectrum-expanding code sequence  controlling 

functional stabilit

{ }kd
{ }kψ  that will result in minimal area of signal striking by the 
disturbances influencing in the channel.     
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A Method of Generating Non-Uniform Square QAM by 
Using Non-Linear Amplification 

Dimitar Bojchev, Dobri Dobrev 

Abstract - The usual case of generating, transmitting and 
receiving a digital signal by using square QAM, provides equal 
protection of each symbol included in a super constellation of 
amplitude-phase positions of the signal vectors.  In some cases it 
is necessary to protect one or  a group of modulation symbols 
more than another. It can be done by using nonuniform 
modulation. In this article is proposed a method for generation 
and detection of nonuniform QAM signal.  
 

Keywords – nonuniform QAM, different protection of symbols 

I. INTRODUCTION 

A special interest is the transmission of a square QAM 
signal through to the Gaussian channel. In this way, as it is 
well known, the probability density function of the signal 
vector modulation components position, can be expressed by 
normal distribution [1], [2], [3]: 
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where σζ 2 is the noise variance, Ii and Qq are the means of 
the corresponding magnitude, e.g. the expecting positions of I 
and Q modulation component for iq signal vector position. 
Thus the area of right detection is circle and depends on noise 
variance and intensity – Fig. 1. It can be shown an influence 
of Additive White Gaussian Noise (AWGN) into a 256-QAM 
super constellation, depicted in Fig.2. Observing a rectangular 
constellation, the Euclidian distance between any pair of 
neighbor signal vector positions and respectively the symbols 
protection is equal in the frame of one quadrant. The 
Euclidian distance between two adjacent symbols can be 
expressed [3]:  
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 Where T is time length of the transmitted symbol.  
 

 
Fig.1. Probability density distribution of modulation components of 

one vector transmitted position true to the Gaussian channel  
 

Considering detection process in its worst case, the symbol 
error probability function can be computed by cumulative 
density function of the Gaussian distribution [1]: 
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Where No / 2 is double sided nose spectral density for each of 
quadrature components.  
In another way, it can be expressed [2], [3]: 
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It can be made a substitution of  (3) in (5) and hence it 
becomes:  
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where Si and Sj are any pair of adjacent symbols. 
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Fig.2. 256-QAM super constellation, passed through a Gaussian 

channel 

II. GENERATING NON-UNIFORM CONSTELLATION 

A non-uniform QAM can be obtained by using stage with 
non-linear transfer function. It can be expressed by third  
order series expansion [6],[7],[8],[9],[10]: 
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,  (7) 

where Us(t) is the input signal of the considering stage, 
a0,a1,a2,a3 are the polynomial coefficients  

  In fact non-linearity depends on square and cubic 
polynomials coefficients. In this case formula (7) can be 
expressed as: 

[ ] [ 3
3
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2 )()()( tUsatUsatUsUout ++=               (8) 

For example, by using a Matlab simulation, the deformation 
of a one quadrant 256-QAM super constellation can be 
shown, obtained by coefficients a2=19,9.10-3; a3 = 2,98.10-5 – 
Fig.3. The Euclidian distance between adjacent vector signal 
positions and respectively between adjacent thresholds is 
different in comparison with rectangular uniform QAM. The 
distance can be expressed [3]: 

g
e Edd .2=                          (9) 

Where Eg is a symbol energy. 
The absolute distance between minimal and maximal 

value in percents is: 

( ) [%]100..2minmax g
e Eddd −=Δ              (10) 

It is important to be noted that in the receiver has to be 
included a stage with inverse non-linearity.  

 
Fig.3. Deformation of 256QAM super constellation, passed through 

to a third order non-linearity with coefficients a2=19,9.10-3; a3 = 
2,98.10-5 

 
То avoid mixing of signal spectral components, one must 

not use an analog non-linearity stage. The transmitter’s non-
linearity has to be realized by addition to I and Q modulating 
signals of a sum of square and cubic means of them e.g. 
corresponding modulation component with a value, defined 
by the polynomial coefficients a2 and a3. In this case the most 
suitable decision is realized by digital signal processing 
architecture. In the receiver detector equipment has to be 
included inverse non-linearity processing. It is necessary to 
reconstruct the exact uniform QAM constellation amplitude-
phase positions of the signal vector.    

III. ESTIMATING OF NOISE PROTECTION 
EFFICIENCY 

The main question is to define the influence of the 
variance of Euclidian distance into the symbols nose 
protection. It can be done by analyzing the symbol error 
probability of maximal and minimal Euclidian distance. Thus, 
it can be written:  
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  A Matlab simulation is made of 256-QAM and 10% distance 
between maximal and minimal Euclidian value in different 
signal-to-noise ratio – Fig.4. The same simulation is also 
made for 128-QAM –fig.5. The figures show that the effect of 
decreasing a symbol error ratio in dependence of introduced 
nonlinearity into the communication channel is proportional 
of the dynamic range. Furthermore it depends on a modulation 
order. Since the dynamic range is expressed in dB, the 
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dependence is approximately linear. Hence it can be 
composed a simple approximates equation:  

                            (12) 0.)( SERdkdSER +Δ−=Δ

The coefficient k and the constant SER0 depend on signal-to-
noise ratio. It is shown in fig.6, fig.7 for 128-QAM and 256-
QAM super constellation. 

 
Fig.4. An increasing of symbol error ratio of 256-QAM super 
constellation in dependence of variance of the Euclidian value 

distance  
 

 
 

Fig.5. An increasing of symbol error ratio of 128-QAM super 
constellation in dependence of varying of the Euclidian  

distance value 

Bearing in mind the above, the major question is a polynomial 
coefficients adjustment. Practically it is more convenient to 
work with relative estimation of Euclidian distance varying: 

     
min

max

d
d

ed =δ                            (13) 

The number of amplitude levels is: 

     
2
Mm =                            (14) 

The exact value m-th position, after non-linear processing can 
be calculated by substitution in (8) : 
 
                                             (15) 3

3
2

2 .. mamamI m ++=

 
Fig.6. The coefficient k in dependence of signal to noise ratio SNR 

for 128-QAM and 256 QAM super constellation 
 

 
Fig.7. The constant SER0 in dependence of  signal to noise ratio SNR 

for 128-QAM and 256 QAM super constellation 

A formula (15) is correct if a1 =1, e.g. there is no 
amplification in non-linearity processing. In this way can be 
defined m-1-th position. 

    ( ) ( 3
3

2
21 1.1.1 −+−+−=− mamamI m )                           (15) 

Thus dmax will be: 
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    ( ) ( ) 11.3.1. 2
321max −+−−−=−= − mmamaIId mm

e      (16) IV. CONCLUSION 

In the current paper is proposed a method for different 
protection of QAM super constellation symbols when the signal 
passed trough to a Gaussian Channel. This goal is achieved by 
using non-linear processing and is realized literal, determinate 
shifting for each of the amplitude-phase signal vector positions. 
Hence is obtained a non-uniform QAM constellation. In the 
receiver side the constellation is reconstructing by inverse non 
linear processing. Furthermore is made an analysis of noise 
protection efficiency and an expression is given for numerical 
estimation. 

And 

                      (17) 1.7.3 3212min ++=−= aaIId e

After subtracting (16) of (17) and substituting (13) it can be 
written: 

    ( ) ( )6.3.4.)1( 2
32min −−−−=−=Δ mmamadd ee δ       (18) 

If dmin=1 and then: 

     ( ) ( ) 16.3.4. 2
32 +−−−−= mmamaδ               (19) 
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Analysis of the opportunities for reduction of Intercarrier 
Interference in OFDM  

Stanyo V. Kolev1 

 

Abstract – In this article are described the possibilities of 
reduction Intercarrier Interference in OFDM. Also has made 
analysis of the populares methods- Frequency-domain 
equalization, Time-domain windowing, ICI Self-cancellation 
scheme, Partial transmit sequences & Selected mapping, M-
ZPSK modulation and Correlative coding. 

 
Keywords – OFDM, ICI, Correlative coding. 

I.  INTRODUCTION 

It is a fact, that OFDM has a big popularity with many 
priorities, but in these systems there are a few problems. For 
example the receiving signals through OFDM have a high 
coefficient between Peak and Average Power Ratio (PARP). 
OFDM system is a sensibly to frequency mistake between the 
supporting generators of transmitter and receiver [1]. Carrier 
frequencies offset [2] makes many problems: amplitude 
attenuation and phase moving for all of the carrier and inter-
carrier interference (ICI). They are sensitive in mobile 
communication channel. As a result of the moving, there is a 
Doppler displace of carrier frequency [3]. This makes the 
synchronization difficult between carrier of transmitter and 
receiver- breaking the orthogonal between the different 
carriers, where we have an inter-symbol interference and ICI. 
The interference among different sub carrier (ICI), which is 
from carrier offset of the channel, is one of the most problems 
in the systems with OFDM. Currently a few different 
approaches for reducing ICI have been developed. These 
approaches includes- Frequency-domain equalization, Time-
domain windowing, ICI Self-cancellation scheme, Partial 
transmit sequences & Selected mapping, M-ZPSK modulation 
and Correlative coding [4-11]. The point of this paper is to see 
the possibilities for reduction of ICI in OFDM 
communications systems. 

II. CURRENT ICI REDUCTION METHODS 

Frequency-domain equalization 
 
Frequency domain equalization can be used to remove the 
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skolev@tu-sofia.bg 

effect of distortions causing ICI. Frequency domain 
equalization is used to remove the fading distortion in an 
OFDM signal where a frequency non-selective, time varying 
channel is considered. Once the coefficients of the equalizer is 
found, linear or decision feedback equalizers are used in 
frequency domain. One interesting point here is how the 
coefficients are calculated. Since ICI is different for each 
OFDM symbol, the pattern of ICI for each OFDM symbol 
needs to be calculated. ICI is estimated through the insertion 
of frequency domain pilot symbols in each symbol. A pilot 
symbol is inserted to adjacent a silence among two sub-
blocks. This method is demonstrated in Fig. 1 

 
 
 
 
 
 
 
 
 
 

Fig. 1 Dispersed pattern of a pilot in an OFDM data symbol 
Time-domain windowing 

Time domain windowing is used to reduce the sensitivity 
to linear distortions and to reduce the sensitivity to frequency 
errors (ICI). Window may be realized with a raised cosine or 
other kind of function that fulfills the Nyquist criterion. 
Raised cosine window is used in order to reduce the ICI 
effects in . The FFT can be considered as a filter bank with N 
filters where N is the FFT size. The frequency response of the 
n-th filter Hn(F) is: 

 ( ) ( )[ ]
( )[ ]NnF

nFFH n /sin
sin

−
−

=
π
π  (1) 

where F = N · f/fs and fs is the sampling rate at the receiver. 
This filter has the shape of a periodic sinc function. 

The maximum of one filter coincides with the zero 
crossing of all others; this fact allows to separate the carriers 
without suffering any ICI.. The use of a window on N samples 
(in time domain) before the FFT reduces the side lobe 
amplitude of this sinc function but also leads to an 
orthogonality-loss between carriers. A window which reduces 
the side lobes and preserves the orthogonality is called 
Nyquist window. This window will reduce the amplitude of 
the filter side lobes depending on the roll-off factor. The side 

Guard symbols 

  Data symbols  Data symbols 

Pilot s
Dispersed pattern of Pilot 

symbol ymbol
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lobe magnitudes of the frequency response of a raised cosine 
window for different roll-off factors are given in Fig. 2. 

 
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig 2 Frequency response of a raised cosine window 
with different roll-off factors 

With Nyquist windowing, the whole filter bank is less 
sensitive to frequency deviations, disturbances, etc. The 
reason for the improvement can also be explained through a 
decrease of the DFT-leakage. Since the leakage is responsible 
in several cases for an OFDM signal degradation, an overall 
improvement in demodulation is expected.. A number of 
different windows (Hanning, Nyquist, Kaiser etc.) have been 
described in the literature [1]. All of the windows give some 
reduction in the sensitivity to frequency offset. But only 
Nyquist windows (of which the Hanning window is one 
particular example) have no ICI for the case of no frequency 
offset. 

Partial transmit sequences & Selected mapping 

Both methods are adapted from Peak-to- average Power 
Ratio (PAPR) reduction techniques. Since the definition of 
PAPR and Peak Interference-to-Carrier Ratio (PICR) are 
analogous to each other, we can adapt PAPR reduction 
schemes to PICR reduction problem. In these two methods the 
goal is to reduce ICI by minimizing PICR. 

 Assume that the modulated data symbol sent at subcarrier k 
is X(k) and X = {X(0),X(1), X(2) . . .X(N −1)}. Let us call this 
term as I(k), which will have the form: 

  (2) ( ) ( ) ( )kmKmXkI
N

kmm

,
1

,0
∑
−

≠=

=

This term depends only on the transmit data sequence, X, 
and complex coefficients, K(m, k), which depends on the 
normalized frequency offset and the value of m − k. Peak 
Interference-to-Carrier Ratio is defined as: 

 ( ) ( )
( ) ( ) 2

2
10

,

max

mammK

kI
XPICR Nk −≤≤=  (3) 

Now the goal is to minimize this ratio. 

M-ZPSK modulation 

This method can be used to reduce both PAPR and ICI. 
Therefore, the M-ZPSK scheme is less sensitive to frequency 
offset errors than conventional schemes. The frequency of the 
bit pattern of log2M bits in an input symbol can be counted. 
And the most likely bit pattern is mapped to a signal 
constellation of zero amplitude. This increases the number of 
vanishing terms in the summation and thus reduces the ICI 
effects more. The possible signal constellations are given in 
Fig. 3 for Q-ZPSK modulation.  

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig 3 All possible different signal constellation for 4-ZPSK 

Therefore, we need only one mapping and one IFFT 
calculation, as in the conventional system. However, 
transmission of side information is necessary to let the 
receiver which mapping is used. 

ICI Self-cancellation scheme 

The method is also called as Polynomial Cancellation 
Coding (PCC) or (half-rate) repetition coding . The main idea 
in self-cancellation is to modulate one data symbol onto a 
group of sub-carriers with predefined weighting coefficients to 
minimize the average carrier to interference ratio (CIR). But 
this will yield a decrease in bandwidth usage by half.  

Cancellation in modulation and demodulation. 

By using the ICI cancellation modulation, each pair of 
subcarriers, in fact, transmit only one data symbol. The signal 
redundancy makes it possible to improve the system 
performance at the receiver side. The demodulation for self-
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cancellation is suggested to work in such a way that each 
signal at the (k + 1)th subcarrier (k is even) is multiplied by −1 
and then summed with the one at the kth subcarrier. Then the 
resultant data sequence is used for making symbol decision. It 
can be represented as: 

  (4) 

( ) ( ) ( )

( ) ( ) ( ) ( ){ }

( ) ( )
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The corresponding ICI coefficients then becomes: 

  (5) ( ) ( ) ( ) ( kmKkmKkmKkmK ,1,2,1," +−+−−=

Thus, the ICI signal become smaller when applying ICI 
cancellation modulation. On the other hand, the ICI canceling 
demodulation can further reduce the residual ICI in the 
received signals. ICI canceling demodulation also improves 
the system signal-to-noise ratio. One can obtain more ICI 
reduction by mapping one symbol onto more than two 
subcarrier (three, four . . . ). Although it will yield a better ICI 
reduction, it will cause a larger bandwidth loss. Also two 
modulated symbols can be mapped onto three adjacent sub-
channels or three modulated symbols onto four adjacent sub-
channels, etc. . But in this case, ICI reduction is not uniform 
and we expect two level of ICI reduction among these 
subcarriers, one for repeated symbols and the other one for 
non-repeated symbols. 

A diverse self-cancellation method 

This method is very similar to the self-cancellation 
schemes, the only difference is that, in this method the odd 
symmetry of interference term K(m, k) = K(m,−k) is used by 
mapping data to the subcarriers at the points k and (N − 1 − 
k). Since it is highly unlikely that both subcarrier k and (N − 1 
− k) expose to same fade together, this method offers a 
frequency diversity effect in a multipath fading channel. 
However, the ICI term does not vanish with the 
approximation but getting reduced. This is because of the 
different fading on the subcarrier k and (N − 1 − k). If the 
normalized frequency offset is smaller than 0.35, this method 
gives a better CIR then ordinary self-cancellation.. 

Correlative coding (PRS) of reduce ICI. 

 For an OFDM system, which can be viewed as a dual 
system in the frequency domain of a conventional single 
carrier system, the correlative coding (PRS) will be carried 
out in the frequency domain. Frequency-domain correlative 
coding is a simple solution to ICI problems, and makes 
OFDM systems less sensitive to frequency errors . In addition, 
system bandwidth efficiency will be not reduced by 
introducing correlative coding into the system. A simplified 
block diagram of the proposed binary phase-shift keying 
(BPSK)-OFDM system using correlative coding is shown in 

Fig. 4. The signal sequence before correlative coding is 
expressed by , where is the subcarriers index with and is the 
total number of subcarriers. Considering BPSK modulation, 
takes values of , that fulfill zero mean and independence 
conditions. 

 

 
Fig. 4 Block diagram of OFDM system using Correlative coding 

 
Denoting “D ” as the unit delay of the subcarrier index k , 

the proposed coding with correlation polynomial 
( ) ( )DDF −= 1  is performed as: 

 1−−= kkk aab  (6) 

Then the coded symbols [ 1,0, ]−∈ Nkbk

kb
 are 

modulated on N subcarriers. The symbol  takes three 
possible values (-2, 0, 2). Equation (2.6) introduces 
correlation between the adjacent symbols ( 1, −kk bb ), therefore 
the independence condition is no longer maintained. To avoid 
error propagation in the decoding procedure due to correlative 
coding, precoding (modulo 2) is performed before BPSK 
modulation, in a similar way to the duobinary signaling in 
single carrier communication systems . In OFDM systems, the 
ICI signal on each subcarrier is a function of the channel 
frequency offset and the signal values modulated on all 
subcarriers. Due to the randomness of the information signals, 
ICI is also a random process. The CIR of an OFDM system 
with (1-D) type correlative coding is: 
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( ) ( ) ( ) ( ) ( )[ ]∑ ∑

−

=

−

=

∗∗ −+−−
= 1

1

1

2

2

22

11
2
1

/sin
N

l

N

l

lSlSlSlSlS
CIR πεπε  (7) 

In order to show the performance improvement of the 
proposed system, this CIR value is compared with that of an 
OFDM system without correlative coding. It is evident that 
for a normal OFDM system, bk = ak holds true and CIR 
expression for a normal OFDM system is: 

 ( ) ( )
( )∑

−

=

= 1

1

2

22 /sin
N

l

lS
CIR πεπε  (8) 

The CIR levels versus ε calculated by (7) and (8) are 
plotted in Fig. 5. 

Compare to normal OFDM systems, the carrier-to-
interference power ratio is increased by 3.5 dB without 
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Analysis of Triple SC over Constant Correlated Rayleigh 
Signal and Interference Based on Signal to Interference 

Ratio 
Mihajlo Stefanović1, Stefan Panić2, Aleksandar Mosić3, Srđan Jovković4 

 
Abstract- in this paper SC (Selection Combining) diversity 

system with three branches is analysed. We are considering case 
when desired signal and co-channel interferences have  Rayleigh 
model of distribution with constant correlatiion.  Because 
detection  at SC receiver is based regarding SIR (SIR-signal-to-
interference ratio), in a paper we have derive 

Keywords: SC with three branches, SIR, Rayleigh model with 
constant correlation 

I. INTRODUCTION 

Various techniques for reducing fading effect and influence 
of cochannel interference are used in wireless communication 
systems. Interest in wireless communications has increased 
recently due to the rapid growth of mobile communications as 
well as the emergence of wireless Local Area Network (LAN) 
technologies. Diversity reception is an effective remedy that 
exploits the principle of providing the receiver with multiple 
faded replicas of the same information-bearing signal [1]. The 
goal of diversity techniques is to increase channel capacity 
and to upgrade transmission reliability without increasing 
transmission power and bandwidth. Space diversity is an 
efficient method for amelioration system’s quality of service 
(QoS) when multiple receiver antennas are used .There are 
several principal types of combining techniques and division 
can be generally performed by their dependence on 
complexity restriction put on the communication system and 
amount of channel state information available at the receiver. 
One of the least complicated combining methods is selection 
combining (SC). Combining techniques like equal gain 
combining (EGC) and maximal ratio combining (MRC) 
require all or some of the amount of the channel state 
information of received signal. MRC and EGC combining 
techniques require separate receiver chain for each branch of 
the diversity system, which increase its complexity. In 
opposition to these combining techniques, SC receiver process 
only one of the diversity branches, and is much simpler for 
practical realization.  
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In general, selection combining, assuming that noise power 
is equally distributed over branches, selects the branch with 
the highest signal-to-noise ratio (SNR), that is the branch with 
the strongest signal [2]. Similarly to previous, there is type of 
selection combining that chooses the branch with highest 
signal and noise sum.In fading environments as in cellular 
communications systems where the level of the cochannel 
interference is sufficiently high as compared to the thermal 
noise, SC selects the branch with the highest signal-to-
interference ratio (SIR-based selection diversity) This type of 
SC in which the branch with the highest SIR is selected, can 
be measured in real time both in base stations and in mobile 
stations using specific SIR estimators as well as those for both 
analog and digital wireless systems (e.g., GSM, IS-54) .Most 
of the recently the published papers assume independent 
fading between the diversity branches and also between the 
cochannel interferers.  

However, independent fading assumes antenna elements to 
be placed sufficiently apart, which is not general case in 
practice due to insufficient spacing between antennas, when 
diversity system is applied on small terminals with multiple 
antennas, correlation arises between branches[3]. 

The effect of correlated fading has been extensively 
analyzed on the performance metrics of wireless 
communication system. In recent works[4,5] the joint PDF 
and CDF of the multivariate Nakagami-m and Rayleigh 
distributions, respectively, with exponential correlation. In 
paper [6] analysis of signal combining for Nakagami-m 
distributed with constant correlation model of fading has been 
given, but with the total independence between interferences 
received on any pair of inputs of the combiner. More general 
case is when, the same correlation is present between the 
signals and interferences. Moreover to the best author's 
knowledge, no analytical study of multibranch selection 
combining involving assumed correlated Rayleigh fading for 
both desired signal and co-channel interference, has been 
reported in the literature. 

In this paper, we consider diversity system with multiple 
correlated Rayleigh fading channels with constant correlation 
model in the presence of mutually correlated interferences. 
We model fading and interference by Rayleigh distribution 
with constant correlation model, which is an adequate for 
multipath waves propagating in a nonhomogenous 
environment 

   In order to study the effectiveness of any modulation 
scheme and the type of diversity used, it is required to 
evaluate the system’s performance over the channel 
conditions [2]. In this paper, for proposed system model, 
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expressions for probability distribution function (PDF) and 
cumulative distribution function (CDF) of the output SIR for 
selection combining diversity are derived. Numerical results 
for PDF and CDF are graphically presented. 

   Furthermore, closed-form expressions for important 
performance measures such as the outage probability is 
obtained. Outage probability is shown graphically for 
different system parameters. Using closed-form formulae, 
average error probability is efficiently evaluated for several 
modulation schemes. 

II. STATISTICS OF THE SC OUTPUT SIR 

The Rayleigh distribution is the most widely used 
distribution to describe the received envelope value. The 
Rayleigh flat fading channel model assumes that all the 
components that make up the resultant received signal are 
reflected or scattered and there is no direct path from the 
transmitter to the receiver[7]. In provides good fits to 
collected data in indoor and outdoor mobile-radio 
environments and is used in many wireless communications 
applications. In this paper, wireless communication system 
with triple SIR-based SC diversity is considered. The desired 
signal received by the i-th antenna can be written as [3]: 

 
( ) ( ) ( )[ ttfjtj

ii
ci eeRtD Φ+= πφ 2 ]  ,      i=1,2,3        (1) 

              
where fc is carrier frequency, Φ(t) desired information signal, 
фi (t) the random phase uniformly distributed in [0.2π], and 
Ri(t), a Rayleigh distributed random amplitude process given 
by [7]: 

( ) ⎟⎟
⎠

⎞
⎜⎜
⎝

⎛
Ω

−
Ω

=
2

exp tttf
iR

,                        (2) 0≥t

 
where Γ(•) is the Gamma function, Ω=t2/m, with t2 being the 
average signal power, and m is the inverse normalized 
variance of  t2, whitch must satisfy m ≥ 1/2, describing the 
fading severity. The resultant interfering signal received by 
the i-th antenna is:  

 
( ) ( ) ( ) ( )[ ttfjtj

ii
ci eetrtC ψπθ += 2 ] ,      i=1,2,3        (3)      

 
where ri(t) is also Rayleigh distributed random amplitude 
process, θi (t) is the random phase, and ψ(t) is the information 
signal. This model refers to the case of a single cochannel 
interferer.  

The performance of the multibranch SC can be carried 
out by considering, as  in [2], the effect of only the strongest 
interferer, assuming that the remaining that is uncorrelated 
between antennas. Furthermore, Ri(t), ri(t), фi (t), and θi(t)are 
assumed to be mutually independent is sufficiently high for 
the effect of thermal noise on system performance to be 
negligible (interference-limited environment) [3]. Now, due to 
insufficient antennae spacing, both desired and interfering 
signal envelopes experience correlative multivariate Rayleigh 
fading with joint distributions. We are considering constant 
correlation Rayleigh model of distribution. The constant 

correlation  model [8] can be obtained from by setting Σi,j ≡ 1 
for i = j and Σi,j ≡ ρ for i=j in correlation matrix, where ρ 
denotes the power correlation coefficient defined as cov(Ri

2, 
Rj

2)/(var(Ri
2)var(Rj

2))1/2. In figure 1 we have presented the 
model of triple SC diversity. Input signals into SC are λ1, λ2 
and λ3, while output signal is  λ. 

Now joint distributions of pdf for both desired and 
interfering signal correlated envelopes for multi-branch signal 
combiner could be expressed by[6], substituting mc=md=1:   

λ1 

SC 

Combiner 

λ2 λ 

λ3 

 
 

Fig. 1. Triple diversity sistem model 
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ρ is the correlation coefficient.  Ωk=
2

kR  and Ωik = 2
kr are the 

average signal desired and interference powers at i-th branch, 
respectively. 

      Instantaneous values of SIR at the k--th diversity branch 
input can be defined as λk=Rk

2/rk
2.  The selection combiner 

chooses and outputs the branch with the largest SIR. 
 

λ =λout= max(λ1, λ2,λ3).                                               (6) 
 
Let Sk = Ωk / Ωik be the average SIR’s at the k-th input 

branch of the multi-branch selection combiner. Joint 
probability density function of instantaneous values of SIR in 
n output branches λk, k=1,2,3 as in [5]: 
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For this case joint cumulative distribution function can be 
written as [3]:  
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 Substituting expression (7) in (8), and after integration joint 
cumulative distribution function becomes: 
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and 2F1 (u1,u2;u3;x), being the Gaussian hypergeometric 
function [9, (9.100)]. 
 Cumulative distribution function of output SIR, could be 
derived from (9) by equating the arguments t1=t2= t3=t as in 
[3]: 
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(13) 
The nested infinite sum in (13), as one can see from Table 1, 
for three branches diversity case, converges for any value of 
the parameters ρ,S1, S2, S3. The number of the terms need to be 
summed to achieve a desired accuracy, depend strongly on the 
correlation coefficient ρ. The number of the terms increases as 
correlation coefficient increases.  

   Probability density function (PDF) of the output SIR can 
be obtained easily from previous expression: 
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 Fig. 2 shows probability density function of output signal 
to interference ratio for balanced and unbalanced ratio of SIR 
at the input of the branches and various values of correlation 
coefficient.  
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Fig 2. Probability density function of output SIR. 
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III. CONCLUSION 

In this paper, system performances of selection combining 
and correlated Rayleigh channels with constant correlation 
model are analyzed. Fading between the diversity branches 
and between interferers is correlated and Rayleigh distributed 
with constant correlation model. The complete statistics for 
the SC output SIR is given in the closed form, i.e., PDF, CDF, 
Outage probability, average probability. Using these new 
formulae, average error probability was efficiently evaluated 
for several modulation schemes. As an illustration of the 
mathematical formalism, numerical results of these 

performance criteria are presented, describing their 
dependence on correlation coefficient and fading severity. The 
main contribution of this analysis for multibranch signal 
combiner is that it has been done for general case of correlated 
cochanel interference. 
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Analysis of the SISO Decoding Algorithms 
Georgi V. Hristov1 

Abstract – In this paper we provides a synthetic introduction to 
the methods and fundamental principles involved in turbo-
coding and in the associated iterative decoding strategy. The 
fundamental concepts of soft decision and of soft decoding of a 
binary code are therefore first considered. The recent 
interpretation of the turbo decoding algorithm using the 
mathematical framework provided by factor graph theory is 
then briefly explained. 
 

Keywords – SISO decoding algorithms, Viterbi algorithm 

I. INTRODUCTION 

There are a great variety of decoding algorithms, some 
heuristic and some derived from well-defined optimality 
criteria. The purpose of the a posteriori probability (APP) 
algorithm is to compute a posteriori probabilities on either the 
information bits or the encoded symbols. Maximizing the a 
posteriori probabilities by themselves leads to only minor 
improvements in terms of bit error rates compared to the 
Viterbi algorithm [1]. The algorithm was originally invented 
by Bahl, Cocke, Jelinek, and Raviv [2] and was used to 
maximize the probability of each symbol being correct, 
referred to as the maximum a posteriori probability (MAP) 
algorithm. 

With the invention of turbo codes in 1993 [3], however, the 
situation turned, and the APP became the major representative 
of the so-called soft-in soft-out (SISO) algorithms for 
providing probability information on the symbols of the code. 
These probabilities are required for iterative decoding and 
concatenated coding schemes with soft decision decoding of 
the inner code, such as iterative decoding of turbo codes [4,5]. 

II. FUNDAMENTALS OF SISO ALGORITHMS 

Markov process and convolutional codes 

A Markov process may be characterized at each instant i (i 
= 0,…,N) by a state  which belongs to a finite set ie ε  of 
possible states. It has the following fundamental property: 

 ( ) ( )( )101,..., −− = iiii eePeeeP  (1) 

The probability for such a process to be in a given state at 
instant i only depends on its state at the preceding instant i-1. 
Such a Markov process associates an output sequence x with 
an input sequence u. At instant i, the entry ui (i=1,…,N) of the 
sequence u in input causes a transition between the states 

'1 eei =−  and eei =  of the process. It generates the 
corresponding symbols xi of the output sequence x. 

DDui ui-1 ui-2

x1,i

x2,i  
Fig.1 Rate ½ NSC code 

 
A convolutional encoder may obviously be regarded as a 

Markov process, the classical case of a rate r=1/n non 
systematic convolutional (NSC) code is shown on Fig.1. 

Assuming a code with memory M, the state of the 
associated Markov process at time i is then simply given by: 

 ( )1,..., +−= Miii uue  (2) 

There are thus 2M possible states, then it is possible to 
represent a convolutional code by means of a state diagram as 
illustrated in Fig. 2 [6]. 

10 01
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1/11
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1/00

0/10

0/11

0/01

1/10

0/00

 
Fig.2 Code state diagram 

 
The code trellis, which gives the code states as a function of 

the time index [6] is shown on Fig. 3. The encoding of a given 
information sequence can be associated with a path through 
the latter diagrams. 

The problem of the decoding of a convolutional code can 
be seen as the problem of the estimation of the state sequence 

( )Neee ,...,0=  of the associated Markov process, based on the 
received sequence y (which corresponds to the noisy 
observation of the coded sequence x). 1Georgi V. Hristov is with the Department of Communication

Systems and Technologies, 8 Studentska Str., 7017 Rousse, Bulgaria, 
E-mail: ghristov@mbox.contact.bg 
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Fig.3 Code trellis diagram 

 
Once the sequence ê  is known, there is a one-to-one 

relation with the sequences x̂  and û . 

Conventional decoding: MAP sequence estimation 

A conventional approach for the decoding of a 
convolutional code is to perform MAP sequence estimation. 
Given the sequence y, this consists in finding the information 
sequence u for which the a posteriori probability ( )yuP  is 

maximum: 

 ( ){ }yuPu
u
maxargˆ =  (3) 

If no a priori information is available, this approach reduces 
to the so-called maximum likelihood sequence estimation 
(MLSE) approach: 

 ( ){ }uyPu
u
maxargˆ =  (4) 

The above problem of MAP sequence estimation can be 
stated more generally as follows: given the sequence y of 
observations of a discrete-time finite-state Markov process in 
memoryless noise, find the state sequence ê  for which the 

corresponding a posteriori probability ( )yeP ˆ  is maximum: 

 ( ){ }yePe
e
maxargˆ =  (5) 

This is obviously equivalent to: 

 ( ){ }eyPe
e
maxargˆ =  (6) 

Due to the Markov and memoryless properties of the 
system, we can decompose ( )yeP  on the following way: 
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The above path metric in the logarithmic domain can be 
decomposed into a sum of individual transition metrics: 

 ( )( ) (∑
=

− ===
N

i
iii eeeeyeP

1
1 ,',ln γ )  (8) 

III. SYMBOL-BY-SYMBOL APP ESTIMATION 

The associated SISO decoder has to provide the a posteriori 
LLR sequence Lp with entries: 

 ( )
( )
( )⎟⎟

⎟

⎠

⎞

⎜⎜
⎜

⎝

⎛

=

=
=

yuP

yuP
uL

i

i
ip

0

1
ln  (9) 

on the basis of the received sequence y, and of the a priori 

information sequence La with entries 
( )
( )( )

0
1ln

=
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=
i

i
ia uP

uPuL . 

The detected bits are finally found using hard detection: 
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This decoding strategy is equivalent to finding the most 
likely information symbols ui (i=1,…,N) given the observed 
coded sequence y: 

 ( )yuPu i
u

i
i

maxargˆ = , (i=1,…,N) (11) 

The a posteriori probabilities of the states and transitions of 
a Markov source observed through a discrete-time 
memoryless channel is optimally solved by the BCJR 
algorithm [1]. Based on the latter algorithm, a slight 
modification enables to provide the symbol a APP's 

( ) ( )yuPuP iip

Δ
= , and by the way to form the required a 

posteriori LLR's at the SISO decoder output. [1, 6, 7]. 

The MAP (BCJR) algorithm 

We considered a binary coded communication system, 
assuming a rate r=1/n NSC code. The available data is the 
sequence y of the received symbols, the sequence La of a 
priori information, the initial state  and the final state 0∈ N∈  
of the encoding process, the code trellis, and the channel 
characteristics. 

Considering a given transition in the trellis at time i, the a 
posteriori LLR's given in (9) is: 
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where  (resp. ) is the set of transitions (+ε −ε '1 eei =− , 
eei = ) caused by a symbol ui=1 (resp. ui=0). This can be 

simplified as: 
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The problem is to evaluate the probability p( '1 eei =− , 
, eei = y). The latter probability can be decomposed as: 

 ( ) ( ) ( ) ( )eeeeyeeeep iiiii βγα .,'.',,' 11 −− ===  (14) 

These quantities can be respectively evaluated as follows: 
1. The parameters α are obtained via the following 

recursion: 

 , ( ) ( ) ( )eeee i
e

ii ,'.'
'

1 γαα
ε
∑
∈

−= ( )ε∈∀−= eNi ;1,...,0  (15) 

It is called forward recursion, as it implies to go through the 
trellis from the state  till the state . The following initial 
conditions are used for the recursion: 

0e Ne

 ( ) 100 =eα  and ( ) 000 =≠ eeα  (16) 

which means that the coder is assumed to begin in the state 
. 0e
2. The parameters β are obtained in practice via the 

following recursion: 

 , ( ) ( ) ( )∑
∈

− =
ε

γββ
e

iii eeee ,'.'1 ( )ε∈∀+= ';1,...,2 eNi  (17) 

It is called backward recursion, as it implies to go through 
the trellis from the state  to the state . If trellis 
termination is implemented at the encoder, the following 
initial conditions are used: 

Ne 0e

 ( ) 1=NN eβ  and ( ) 0=≠ NN eeβ  (18) 

which means that the encoder is assumed to end in the state 
. If no trellis termination is implemented, the following 

initial conditions are then used: 
Ne

 ( ) MN s
2
1

=β , ε∈∀e  (19) 

which means that one may end with the same probability in 
each of the 2M possible states. 

3. The parameter ( )eei ,'γ  is associated with a transition 
between the states '1 eei =−  and eei = . We have that: 

 ( ) ( ) ( )'.,',' 11 eeeePeeeeypee iiiiii ===== −−γ  (20) 

Written in terms of symbols rather than in terms of states, 
this expression becomes: 

 ( ) ( ) ( )iiiii uPeeuypee .',,' 1 == −γ  (21) 

The first factor ( )', 1 eeuyp is evaluated on the basis of 

the received symbols and of the channel type, whereas the 

second factor P(ui) is evaluated on the basis of the available a 
priori information La(ui). Parameter 

iii
=−  

)( eei ,'γ  is often referred 
to as the metric associated with the transition ( '1 eei =− , 

eei = ). 
The MAP algorithms evaluates the a posteriori LLR's L(ui) 

of the information bits ui (for i=1,…,N) according to: 
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where the parameters α and β are obtained through recursions 
based on (15) and (17). The parameters γ are calculated 
according to (21), based on the received symbols, the 
considered channel, and the a priori information available 
about the transmitted information symbols. 

The MAX-LOG-MAP algorithm 

The MAP algorithm suffers from numerical problems 
related to the finite precision representation of numbers. As 
shown in [7], these problems can be solved by working in the 
logarithmic domain: ( ) ( )( )ee ii αα ln= , ( ) ( )( )eiei ββ ln=  and 

( ) ( )( )ee ii γγ ln= . In this case, (22) can be reformulated as: 
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This expression can then be further simplified by using the 
approximation for the logarithm of a sum of exponentials: 

 ( ) ( ) ( )( ) ( zyxzyx ,,maxexpexpexpln ≈+ )+  (23) 

This leads to: 
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The parameters α , β  and γ  are calculated as follows. 

1. The parameters α  are calculated according to the 
following forward recursion, with initial conditions 
modified accordingly: 

 ( ) ( ) ( )( )eeee ii
e

i ,''max 1
'

γαα
ε

+= −
∈

 (25) 

2. Similarly, the parameters β  are calculated according 
to the following backward recursion with initial 
conditions modified accordingly: 

 ( ) ( ) ( )( )eeee iiei ,'max1 γββ
ε

+=
∈

−  (26) 
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3. The parameters γ  are calculated based on (21) 
transposed in the logarithmic domain: 
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 ( ) ( )( ) ( )( iiiii uPeeuypee ln',ln,' 1 +== −γ )  (27) 

The LOG-MAP algorithm 

It is possible to preserve the optimality of the MAP 
algorithm while keeping all the advantages associated with the 
formulation in the logarithmic domain. Instead of using the 
approximation given by (23), we must therefore use the 
following exact expression [7]: 
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yxyxyx
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 (28) Fig.4 Performance of SISO decoding algorithms 

V. CONCLUSION If there is more than two entries, one has to proceed 
recursively: 
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The simulation result shows that at low Eb/N0 ratios, the 
MAX-LOG-MAP algorithm leads to noticeable performance 
degradation. At high Eb/N0 ratios and for a sufficient iteration 
number, the MAX-LOG-MAP algorithm offers performance 
quasi-identical to those of the LOG-MAP algorithm, because 
the approximation on which the MAX-LOG-MAP algorithm 
is based becomes more valuable as the considered signal-to-
noise ratio is increasing. 

This function may be considered as a generalized maximum 
function. The LOG-MAP algorithm proceeds exactly the same 
way as the MAX-LOG-MAP algorithm, the only difference 
being that the classical maximum function is replaced by the 
above generalized maximum function in (24), (25) and (26). 
The a posteriori LLR write: 
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Analysis of Model of Switched Non-uniform Scalar 
Quantization Model of Laplacean Source in a Dynamic 

Range of Power 
Zoran Perić1, Stefan Panić2, Aleksandar Mosić3 

 
Abstract—In this paper switched nonuniform scalar 

quantization model is analyzed for the case when the power of an 
input signal varies in a wide range. This model of scalar 
quantization is used in order to give higher quality by increasing 
signal-to-quantization noise ratio (SNRQ) in a wide range of 
signal volumes (variances) with respect to it's necessary 
robustness over a broad range of input variances. We observed 
µ-low compoundor implementation to achieve compromise 
between high-rate digitalization and variance adaptation. The 
main contribution of this model is the possibility of his applying 
for digitalization of continuous signals in wide range and 
increasing of quality comparing with nonuniform compoundor. 

Keywords: switching quantization,  µ-law compounding, 
variance adaptation,  Laplacean source 

I. INTRODUCTION 

Quantization denotes the heart of analog to digital 
conversion and efficient technique of data compression. A/D 
conversion has many goals: 1) The minimization of necessary 
communication capacity of high quality signal transmission 
like picture or speech signal transmissions; 2) Minimizing the 
memory capacity for storing that kind of information into fast 
mediums or data bases; 3) The simpler correct description of 
processed signal in order to minimize algorithm for signal 
processing. The history of quantization dates back to 1948 
(early development of pulse code modulation). Quantizers 
play an important role in theory and practice of modern day 
signal processing. Scalar quantizers are primarily used for 
A/D conversion, while vector quantizes are used for 
sophisticated digital signal processing. A vast amount of 
research has been made in the area of quantization. Important 
issues from the engineer’s point of view are the design and 
implementation of quantizers to meet performance objectives. 
In a number of papers the  quantization of Laplacean source 
was analyzed since the pdf of the instantaneous speech signal 
values for higher number of  digitalization samples is better 
represented by Laplacean then the Gaussian function [1], [2]. 
In papers [3], [4], the switched nonuniform polar quantization 
for Laplacean source is asymptotically analyzed for the case 
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when the power of an input signal varies in a wide range. 
Analyses of nonlinear quantization optimization in wide 
volume range are given in [5], [6].In [5] is presented that for 
chosen µ=102, quantizer is optimized on total mean squared 
error in observed volume range.  In this paper we analyze 
robust and switched nonuniform scalar quantization to achieve 
compromise between high-rate digitalization and variance 
adaptation. The goal of our research is to find a simple way to 
realize a nonuniform quantizer system having high quality 
performance but maintaining robustness in wide range of 
input signal. First, the bases of nonuniform scalar quantization 
are given in chapter 2. In chapter 3. we have developed 
expressions for granular and overload distortion, using 
Bennett’s integral on Laplacean distribution. Then in chapter 
4. Our model is presented. In chapter 5. We have upgraded 
our model. Here is presented how the increase of number of 
quantizers in switching scheme affects the signal-to-
quantization-noise ratio dependence of input power. Also we 
have discussed how constant µ should be chosen in order for 
total distortion to be as minimum as possible in the wide 
volume range of input signal. The optimization is made for 
one or more quantizers in the considered volume range based 
on total distortion. Also here we observe dependence between 
bit rate per sample and frame length. Finally, in conclusion we 
have discussed obtained results, and on these bases, we 
derived conclusions about the possibilities of this switched 
quantization application in speech processing. Contribution of 
this model is increasing of quality and the possibility of his 
applying for digitalization of continuous signals in wide 
range. 

II. COMMANDING MODEL 

Let N-point scalar quantizer Q(N) be characterized in terms 
of a set of N  real-valued quantization points {y1

(N), y2
(N),…, 

yN
(N)}, and decision thresholds {t0

(N), t1
(N),…, tN

(N)}. 
Quantization rule is many-to-one mapping, Q(N)(x)=yi  if  ti-

1
(N)<x≤ ti

(N) for i=1,2,…,N, where decision thresholds are -
∞=t0

(N)< t1
(N)<…< tN

(N)=∞. In other words, a quantized signal 
has the value yi

(N) when the original signal belongs to the 
quantization cell Si

(N)=( ti-1
(N), ti

(N)] for i=1,2,…,N. The 
negative thresholds and quantization points are mirror images 
of the nonnegative counterparts, mirrored about zero. Cells 
S2

(N),...,SN-1
(N)  will be called inner cells, while S1

(N) and SN
(N) 

will be called outer cells.  
When the inner cells are equally sized, the quantizer is 

called uniform quantizer. Otherwise, the quantizer is 
nonuniform. A general model for any nonuniform quantizer 
based on compounding technique can be structured as 
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illustrated in Figure 1. where c(x) and c-1(x) are compressor 
and expandor functions respectively. Namely, nonuniform 
quantization can be achieved by compressing the signal x 
using nonuniform compressor characteristic c(·) (also called 
compounding low), by quantizing the compressed signal c(x) 
employing a uniform quantizer, and by expanding the 
quantized version of the compressed signal using a 
nonuniform transfer characteristic c-1(·) inverse to that of the 
compressor. The overall structure of a nonuniform quantizer 
consisting of a compressor, a uniform quantizer, and expandor 
in casscade is called compoundor.⎜ 

 

 
Fig. 1. Block diagram of compounding technique 

 
In  situations such as speech coding, the exact value of the 

input variance is not known in advance; and in addition it 
tends to change with time. In such situations, a signal-to-
quantization ratio that is constant over a broad range of input 
variance can be obtained by using logarithmic compounding 
law. The µ-law compounding is used for PCM telephone 
systems in the USA, Canada and Japan, with the standard 
value of µ = 255, and µ-law compression characteristic is 
characterized by:  
  

x
x

x

xxc sgn
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III. DISTORTION DISCUSSION  

 An N-point nonuniform scalar quantizer for a source 
characterized as a continuous random variable with 
probability density p(x) has distortion defined as the expected 
mean square error between original and quantized signal. 
Total distortion consists of two components, granular and 
overload distortion. Symbolically 
 

ogt DDD += .                               (2)  
 

In this paper, we have discussed  Laplacean source in 
wide broad of range. Probability density function of 
Laplacean  original random variable x with unit variance can 
be expressed by:  
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so  the granular and overload distortions are considering that 
yN can be approximated with xmax, defined as: 
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Since we now know how to calculate distortion for 
quantization of a Laplacean source that has variable average 
power in a wide range, we can find the signal power-to-total-
distortion ratio (dB), which is denoted as signal-to-
quantization-noise ratio SNRQ  instantaneous value of a signal 
masked by Gaussian distributed noise at time: 
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IV. SWITCHING NONUNIFORM SCALAR 
QUANTIZATION MODEL 

We will solve the presented problem with switching 
quantization application. One simple technique is switched 
codebook adaptive scalar quantization. The basic scheme of 
robust and switched codebook adaptation is shown in Fig. 2. 
This technique uses a classifier that looks at the contents of 
the input frame buffer and decides that the next block of 
samples belongs to a particular statistical class of samples 
from a finite set of K possible classes. Namely, the index 
specifying the class is used to select a particular codebook 
from a redesigned set of K codebooks. In addition, this index 
is transmitted as side information to the receiver. Then, each 
sample in the block is encoded by the scalar quantizer, which 
performs a search through the selected codebook. 

One frame has length of M. The index to identify the 
class is sent on the end of block. If each of the K codebooks 
has size N, the bit rate per sample is: 

 

M
K

NR 2
2

log
log +=  .                       (9) 

               
Codebook size N depends on number of bits that are used 

for the encoding n. The relation between N and n is N =2n , 
where n is the number of bits per sample. 

We will use this technique for our problem solving. We 
have K codebooks,i.e., K nonuniform scalar quantizers 
designed for particular values σ0j  to cover input power range 

y Q(c(x)) c(x) 
c(x) Q c-1 

( )

x 
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σ0j
2/σ2

0∈ [σ2
1j/σ2

0, σ2
2j/σ2

0) ,where σ0 denotes referent value of 
input power and  ∩K

j=1 [σ2
1j/σ2

0 [dB], σ2
2j/σ2

0j[dB])= [-20,20). 
Maximal amplitude for each quantizer xmaxj (each codebook 

j) is chosen in a way, that for each input power range σ0j
2/σ2

0∈ 
[σ2

1j/σ2
0, σ2

2j/σ2
0) the total distortion has a minimum. The 

procedure is as follows: We optimize total distortion (13) to 
have a minimum. The optimization is going over parameter c, 
witch denotes ratio xmax/σ. After finding copt, for corresponding 
µ, which satisfies the following term: 

 

c
Dt

∂
∂

=0     .                         (10) optcc =⇒

 
Fig. 2  Switched codebook adaptive scalar quantization 

 
Now, we can easily evaluate xmaxj  for each input power 

range σ0j
2/σ2

0∈ [σ2
1j/σ2

0, σ2
2j/σ2

0), from the expression xmax j 
=copt σ0j.  Each particular value σ0j can be represented as  σ0j 
=kj σ0, where kj is called adaptation factor.  During the 
switched quantizer design ,a particular type of memory is 
needed. Each input class j = 1, 2, …, K requires one 
quantizer, for which we know adaptation factor kj  and input 
power range [σ2

1j/σ2
0, σ2

2j/σ2
0) for which the quantizer is 

designed. Also we have to store in memory the corresponding 
µ and copt. 

V. DISCUSSION AND NUMERICAL RESULTS 

First, let us examine switched codebook adaptive scalar 
quantization model with only one quantizer present. Here, 
only parameter that can be optimized, for achieving high 
quality of transmission by increasing signal-to-quantization 
noise ratio (SNRQ), in a wide range of signal volumes 
(variances) with respect to it's necessary robustness over a 
broad range of input variances is the µ parameter in 
expression for SNRQ. Parameter µ can be optimized, for the 
case when expression for SNRQ has his maximum, which 
means that expression (7) for total distortion should have his 
minimum. Optimization of total distortion is derived in two 
steps. First, we accomplish adaptation on maximal amplitude 
of input signal, or the optimization for parameter c in 
corespondency to µ, which is described as: 

c
Dt

∂
∂

=0      ,                         (11) optcc =⇒

 
And then in the second step, we find required µopt, for witch 
total distortion should have his minimum, which is described 
as: 
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These two steps can be represented as the following equation 
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For N=256, numerical solution for this system is copt=8.8 
and µopt = 17. 

If there are not restrictive limitations about memory size 
and sample bit rate for the transmission system, then there is a 
possibility to choose optimal number of quantizers in our 
model, for which we can achieve high quality measured by 
SNQR, in a wide range of signal volumes (variances) with 
respect to it's necessary robustness over a broad range of 
input. If we increase  number of quantizers K, there is a way 
to flatten the signal-to-quantization-noise-ratio dependence of 
input power in such a way that, if the memory size isn’t the 
limiting factor, with data compression being disregarded, we 
will achieve a signal-to-noise ratio that does not have a large 
variation during input power changes which is shown in Figs 
3, 4. and 5. In Fig 5, we can see that SQNR varies from it's 
peak value, for maximum 0.313 dB for each input power 
range [σ2

1j/σ2
0, σ2

2j/σ2
0), ∩K

j=1 [σ2
1j/σ2

0 [dB], σ2
2j/σ2

0j[dB])= [-
20,20), for which the quantizer is designed, in case of 
codebook size of 256 and 16 codebooks . There is a 
conclusion, that if we want to satisfy the same standard for 
varying of SQNR in twice larger input power range of [-
40dB,40dB], we will have to use same codebook size for 32 
codebooks. If we want to satisfy less restrictive standards of 
SQNR variance for each input power range [σ2

1j/σ2
0, σ2

2j/σ2
0), 

we can use smaller number of codebooks, and if we want to 
achieve smaller peak value of SQNR, we can use smaller size 
of each codebook, for each input power range. 
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If we analyze bit sample rate in function of frame length 
with respect to number of quantizers K, we can se from Fig. 6,  
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that for relatively small frame length of 80 samples, bit 
sample rate rapidly convergates to the value of bit sample rate 
of transmission without  side information . So we can derive 
conclusion that memory size is much more restrictive 
limitation for multy-quantizer implementation, than sample 
rate is. 

VI. CONCLUSION 

We have suggested one model for switched nonuniform 
scalar quantizer that solves the problem of variable input 
power in a wide range. It is shown that this switched quantizer 
can be applied for coding of speech signals and other 
continuous signals. The dependence of quality and robustness 
of quantized signals is analyzed for broad range of input 
variances and corresponding number of codebooks 
(quantizers) with respect to system memory and sample bit 
rate. Also we have presented how adaptation on maximal 
amplitude of input signal can be derived by optimizing 
parameter µ, regarding the split of input variance range length 
based on number of codebooks used in this model. The 
analyses of codebook size and number of codebooks usage for 
satisfying requested terms of peak value for signal-to-
quantization noise ratio and  desired values of it's varying for 
wide range of power range is given.. Previously obtained 
results point to the conclusion that there is a possibility 
applying of this model for digitalization of continuous signals 
in wide range, because it  can accomplish high quality of 
signal-to-quantization noise ratio (SNRQ), for digitalized 
signal in a wide range of signal volumes (variances), with 
respect  to it's necessary robustness over a broad range of 
input variances. 

Fig. 3  Improvement of quality of transmission (SNRQ), for model 
implementations with two quantizers over robust quantization. 
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Fig. 4  Comparration of  quality of transmission (SNRQ), for model 

implementations with four, eight and sixteen quantizers 
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Level Crossing Rate of the SSC Combiner Output Signal 
in the Presence of Log-normal Fading 

Dragana Krstić1, Petar Nikolić2, Dušan Stefanović3, Ilija Temelkovski4 

 
Abstract - Level crossing rate of the SSC combiner output 

signal are determined in this paper. The presence of the log-
normal fading at the input is observed. The results are shown 
graphically for different variance values and decision threshold 
values. 

 

Keywords - Level Crossing Rate, Log-normal Fading, SSC 
Combining 

I. INTRODUCTION 

Many of the wireless communication systems use some 
form of diversity combining to reduce multupath fading 
appeared in the channel. Among the simpler diversity 
combining schemes, the two most popular are selection 
combining (SC) and switch and stay combining (SSC). SSC is 
an attempt at simplifying the complexity of the system but 
with loss in performance. In this case the receiver selects a 
particular antenna until its quality drops below a 
predetermined threshold. When this happens, the receiver 
switches to another antenna and stays with it for the next time 
slot, regardless of whether or not the channel quality of that 
antenna is above or below the predetermined threshold. 

In the paper [1] Alouini and Simon develop, analyze and 
optimize a simple form of dual-branch switch and stay 
combining (SSC). 

The consideration of SSC systems in the literature has been 
restricted to low-complexity mobile units where the number 
of diversity antennas is typically limited to two ([2], [3] and 
[4]). Furthermore, in all these publications, only predetection 
SSC has thus far been considered wherein the switching of the 
receiver between the two receiving antennas is based on a 
comparison of the instantaneous SNR of the connected 
antenna with a predetermined threshold. This results in a 
reduction in complexity relative to SC in that the simultaneous 
and continuous monitoring of both branches SNRs is no 
longer necessary. 

In [5] the moment generating function (MGF) of the signal 
power at the output of dual-branch switch-and-stay selection 

diversity (SSC) combiners is derived. 
In this paper level crossing rate of the SSC combiner output 

signal in the presence of log-normal fading will be determine. 
The results will be shown graphically for different variance 
values and decision threshold values. 

II. SYSTEM MODEL  

The model of the SSC combiner with two inputs, 
considered in this paper, is shown in Fig. 1. The signals at the 
combiner input are r1 and r2, and r is the combiner output 
signal. The predetection combinig is observed.  

 

Fig. 1. Model of the SSC combiner with two inputs 
 

The probability of the event that the combiner first 
examines the signal at the first input is P1, and for the second 
input is P2. If the combiner examines first the signal at the 
first input and if the value of the signal at the first input is 
above the treshold, rT, SSC combiner forwards this signal to 
the circuit for the decision. If the value of the signal at the first 
input is below the treshold rT, SSC combiner forwards the 
signal from the other input to the circuit for the decision. 

We can select decision threshold value so that one of three 
parameters has to be minimal: the error probability, fade 
duration or average signal value. 

If the SSC combiner first examines the signal from the 
second combiner input it works in the similar way. 

The determination of the probability density of the 
combiner output signal is important for the receiver 
performances determination. The probability for the first input 
to be examined first is P1 and for the second input to be 
examined first is P2. 

III. SYSTEM PERFORMANCES 

The probability densitie functions (PDFs) of the combiner 
input signals, r1 and r2 , in the presence of log-normal fading, 
are: 
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The cumulative probability densities (CDFs) are given by: 
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rT is the treshold of the decision. In the presence of log-
normal fading CDFs are: 
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where erfc(x) is the error function and it is defined as [7]:  
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The joint probability densities of the combiner input 
signals, r1 and r2, and their derivatives  and , in the 
presence of log-normal fading, are: 
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The expression for the joint probability density  function of 
the SSC combiner output signal and its derivative will be 
determined first for the case: : Trr <
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For the channels with identical parameters it is, for Trr < : 
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The level crossing rate is: 
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For the channels with identical parameters it is valid for 
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Fig. 2. The PDF of the SSC combiner output signal and its 

derivative  for  rT  =1, σ =1, μ =0.5 and β =0. 1 ),( rrp rr &&

 
Fig. 3. The joint PDF of the SSC combiner output signal and its 

derivative  for  rT  =1, σ =1.5, μ =0.5 and β =0.15 ),( rrp rr &&
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IV. NUMERICAL RESULTS 

 

 
Fig. 7. Level crossing rate N(rth) for rT  =2, σ =1, μ =0.5 

and β =0.1 

Fig. 4. Level crossing rate N(rth) for rT  =1, σ =1, μ =0.5 
V. CONCLUSION and β =0.1 

 

 

In this paper the level crossing rate (LCR) of the SSC 
combiner output signal is determined in the presence of log-
normal fading. The results are shown graphically for different 
variance values and decision threshold values. 

We determine LCR in order to obtain Fade Duration of 
SSC Combiner [7]. In our future work these system 
performances can be derived for correlated log-normal fading 
and for some other fading distributions.  
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Outage Probability of SIR-Based Dual EGC Diversity 
Over Correlated Rayleigh Fading Channel 

Jelena A. Anastasov1, Aleksandra M. Cvetkovic2, Dusan M. Stefanovic 3 
 

Abstract - In this paper the performance analysis of SIR-based 
dual EGC receiver with two correlated branches over Rayleigh 
fading channel is considered. Analytical and numerical results 
for the outage probability, assuming correlated Rayleigh fading 
for both the desired signals and co-channel interferers, are 
derived. This is the real scenario in practical dual equal-gain 
diversity systems with insufficient antenna spacing. Numerical 
results demonstrate the effect of balanced and unbalanced SIRs 
and various values of the correlation coefficient on the EGC 
receiver performance. 

 

Keywords – Co-channel interference, Equal-gain combining, 
Outage probability, Rayleigh fading channels 

I. INTRODUCTION 

Spatial diversity or “signals from multiple antennas” are 
often used to reduce the effects of fading in wireless 
communications. There are a lot of types of combining 
techniques such as selection combining (SC), equal-gain 
combining (EGC), maximal-ratio combining (MRC), or a 
combination of MRC and SC called generalized selection 
combining (GSC) [1], [2]. Among them, EGC provides 
performance better than SC and comparable to MRC but with 
simpler implementation complexity. It is a great practical 
solution. In EGC the received signals are co-phased, equally 
weighted, and then summed to form the resultant signal. 

Particularly, independent fading assumes antenna elements 
to be placed sufficiently apart, which is not always realized in 
practice due to insufficient antenna spacing when diversity is 
applied in compact terminals [2]. In this kind of terminal, the 
fading among the channels is correlated, resulting in a 
degradation of the diversity gain obtained. Therefore, it is 
important to understand how the correlation between received 
signals affects the system performance. Also, in cellular 
communications systems where the level of the co-channel 
interference is sufficiently high as compared to the thermal 
noise, the most effective performance criterion is to select the 
highest signal-to-interference ratio (SIR; SIR-based selection 
diversity) [3]. 
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In two early works [5], [6], useful analytical expressions for 
the outage performance of EGC receivers operating in an 
interference-limited Rayleigh fading environment have been 
obtained. The results were derived in environment with 
multiple co-channel interferers but no correlated branches. In 
another related work [4], the outage performance of EGC 
receivers under Nakagami-m fading channels and CCI (co-
channel interference) has been studied. The case of correlated 
desired signals and uncorrelated interferers was observed. A 
method for the evaluation of the outage probability in dual 
SIR-based SC with correlated Rayleigh fading, for both 
desired signals and interferers, has been published in [3]. An 
approach to the performance analysis of dual SIR-based SC 
over correlated Nakagami-m fading has been also reported in 
literature [7]. Moreover, analytical study investigating the 
diversity system in the presence of co-channel interference 
has been studied [8]-[15].  

In this paper outage probability of SIR-based dual EGC 
diversity has been analyzed. The main contribution of the 
paper is that proposed analysis is carried out assuming 
correlative Rayleigh fading for both the desired signals and 
co-channel interferers, which is the real scenario in practice. 
The channel and system model are presented. Based on joint 
probability densities for correlated Rayleigh fading, formulas 
for outage probability in terms of double infinite sums are 
derived. Numerical results show the effect of various systems’ 
parameters and discussion illustrates the proposed 
mathematical analysis. All provided numerical results are 
presented graphically. 

II. CHANNEL AND SYSTEM MODEL  

Channel model with Rayleigh fading has been in interest to 
model various propagation channels, which describes 
multipath scattering with different clusters of reflected waves. 
This channel model is used in many wireless communications 
applications. In this paper, a wireless communication system 
with dual SIR-based EGC diversity is considered. The desired 
signal received by the i-th antenna, Di(t), can be written as 
[15]: 

 ( ) ( ) ( ) ( )[ ] 2,1,2 == Φ+ ieetRtD ttfjtj
ii

ci πφ    (1)  

with fc as the carrier frequency, Φ(t) the desired information 
signal, Ri(t) a Rayleigh distributed random amplitude process, 
and φi(t) the random phase uniformly distributed in [0,2π). 
The resultant interfering signal received by the i-th antenna is: 

 ( ) ( ) ( ) ( )[ ] 2,1,2 == + ieetrtC ttfjtj
ii

ci ψπθ  (2) 
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where ri(t) is also a Rayleigh distributed random amplitude 
process, θi(t) is the random phase, and ψi(t) is the information 
signal. This model refers to the case of a single co-channel 
interferer.  

Moreover, the performance of the EGC can be carried out 
by considering the effect of only the strongest interferer, 
assuming that the remaining interferers are combined and 
considered as lumped interference that is uncorrelated 
between antennas. Furthermore, Ri(t), ri(t), φi(t) and θi(t) are 
assumed to be mutually independent and the level of the 
interference is sufficiently high for the effect of thermal noise 
on system performance to be negligible (interference-limited 
environment). Now, due to insufficient antennae spacing, both 
desired and interfering signal envelopes experience correlative 
Rayleigh fading with joint PDFs [3]: 
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where Γ(.) is the Gamma function, Iν(.) being the first kind 
and νth order modified Bessel function, ρ the correlation 

coefficient, 2
i anddi R=Ω  2

ir the average signal 
desired and interference powers at the i-th  

2
1 =ζ  2

ci =Ω
branch. Let

and1
2
1 / rR  2

2
22 / rR=ζ  be the instantaneous SIRs at 

the input diversity branches. The output SIR of equal-gain 
combiner is defined as  

 21 ζζζζ +== OUT  (5) 

III. OUTAGE PROBABILITY 

Outage probability is a measure of the system’s 
performance. It can be defined and related to the different 
criteria of reception. The outage probability, can be defined as 
probability which SIR falls below a given threshold and be 
expressed as [7]: 

 ) (6) 

The joint PDF of the instantaneous SIRs at the two input 
ranches of EGC, is given as [3]: 
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and by replacing Eqs. (3) and (4) into Eq. (7), the joint PDF 
an be defined:  c
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re whe 11 / cda ΩΩ= , 22 / cdb ΩΩ= . 
For evaluating the PDF at the output of EGC combiner we 

used Eq. (10) 

 

. (11) follows straightforward from Eqs. (7) and (10), the 
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The bivariate (joint) CDF of 21 ,ζζ  can be expressed as 

  (12) 

protection ratio, defined as required ratio of the 
esired signal power to the interference 

the combiner. 

Numerical results, according to analytical expressions of 
the syste ding 
in the ed results for 

( ) ( )∫=
β

ζβ
0

dttfFζ

where β is the 
d power at the output of 

By substituting Eq. (11) into Eq. (12), the outage 
probability for SIR-based dual diversity system in channel 
with Rayleigh fading and EGC receiver can be evaluated. 

IV. NUMERICAL RESULTS 

m with EGC receiver operating over Rayleigh fa
presence of CCI are presented. All achiev
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pr

ce output PDF, for various values of 
co

obability density function and outage probability are shown 
on the graphics below. 

In Fig. 1, the PDF of EGC output is plotted for balanced 
(a=b) as well as for unbalanced (a=4b) SIRs at the input 
branches. The dependen

rrelation coefficient ρ is also presented. 
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Fig. 1. SIR-based dual EGC output PDFs 

 
In Fig. 2 tted versus 

normalized  correlation 
coefficient ρ. The protection ratio β  is normalized by value of 
de

, the outage probability is plo
the protection ratio β  and for the fixed

sired signal power to interference power ratio of the first 
input branch. Balanced (a=b) and unbalanced (a=4b, a=b/4) 
SIRs are assumed at the two input branches.  
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Fig. 2. Outage probability for balanced and unbalanced SIRs and 
correlation coefficient 5.0=ρ  

 

It is very inte e value of desired 
gnal power to interference power ratio of the second
ranch increases, the outage probability decreases. But, for 
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resting to observe that if th
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w values of desired signal power to interference power ratio 
of the second input branch, outage performance of the system 
deteriorates in comparation of balanced SIRs case. 
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Fig. 3. Outage probability for balanced SIRs and various values of 

correlation coefficient 
 

for several values o ent ρ and balanced 
SIRs. It is evident that for strong interference (β/a increases) 
th

In this pape ance of a du  SIR-based equal 
gain-combini leigh channel, was 
studied. The case of correlated both the desired signals and 
in

[1] J. G. Proakis, Digital Communications. New York: McGraw 
Hill, 1995. 

[2] M. K. Simon and M.-S Alouini, Digital Communication Over 

In Fig. 3, the outage probability is plotted versus the β/a
f correlation coeffici

, 

e outage probability increases slowly as the correlation 
coefficient ρ increases. For lower values of β/a, ρ has a 
significant effect on the outage performance. Moreover it is 
obvious that system’s performance deteriorates when 
correlation coefficient ρ increases. 

V. CONCLUSION 

r, the perform al
ng system, operating over Ray

terferences because of insufficient antenna spacing which is 
real scenario in practice, was observed. Equal gain combining 
has performance close to that of maximal ratio combining but 
with lower implementation complexity. For this type of 
diversity, useful analytical expressions for the probabilty 
density function and outage probability at the output of EGC, 
were presented. Using this analytical approach, the outage 
probability, was also efficiently presented graphically. The 
effects of various parameters, such as the input SIR 
unbalance, and the level of correlation to the system’s 
performance, were interpreted.  
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Recovering Optical Image Transferred Through 
Atmospheric Turbulence. Wavelength analysis 

Kalin L. Dimitrov1 

Abstract – In this paper we study model-based restoration of 
long exposure space-to-ground images. The paper deals with the 
restoration of one dimensional image with least squares methods 
applied to our turbulence model. Methods for estimation of 
wavelength influence on restoration are proposed. 
 

Keywords – Atmospheric turbulence, Least-squares methods, 
Restoration of images 

I. INTRODUCTION 

Recently, practical algorithms have emerged that are 
capable of recovering spatial frequency detail that lies beyond 
the diffraction limit of an image sensor [1]. In this paper we 
will briefly review some application of our previous works 
[2,3]. We will use again a least-squares method based 
algorithm that achieves reconstruction of diffraction-limited 
one-dimensional images [3-5]. At the end of the analysis we 
will propose an algorithm for the practical estimation of 
wavelength influence on the restoration process. 

II. ESTIMATION OF WAVELENGTH INFLUENCE ON 
RESTORATION 

A. Turbulence model in terms of wavelength dependency 

   We use results from [2] for optical mean intensity 
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intensity without taking turbulence into account, parameters r  
and  are defined by  0x
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a  and  are respectively  the radius of input aperture and 
the focal length of registration optical system,  is the 
maximal Gaussian brightness of the cosmic object. Functions 
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γ  and η  are defined by 
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where 
                                    λπ2=k   ,                                   (5) 

2
nC , ,  are the structure constant, the radius of 

spatial coherency  and the equivalent thickness of the 
turbulence layer. On the other hand, we have [2] 

0cV
ρ eqZ

                               πθλρ 2
0cV = .                               (6) 

In the previous research [2,3] we have presented results on a 
concrete wavelength ( mμλ  5,0= ). In actual fact, however, 
the influence of atmospheric turbulence over optical radiations 
of different wavelength is different (see (5) and (6)). It is 
necessary to point out that the effects from the impact of 
( )λk  and ( )λρ

0cV  on , described by the substitution of  
(5) and (6) in (3), have contrary directions. As a result of their 
combined action, the multiplier 

2γ

31−λ  is present in expression 
(3) which characterizes the atmospheric turbulence and 
originates in the method of smooth perturbations (MR-Method 
of Rytov).    

We accept that we have information about atmospheric 
turbulence (for example from SODAR, SCIDAR [6] or 
LIDAR etc.). This means that functions  (3) and (4) are 
known. 
   We present an illustration of the dependence of the optical 
intensity on the size 0xx with the wavelength being a 
parameter with the forward problem (Fig.1).  
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B. Formulation of analysis  

The formulation is shown on Fig.1. 
 
 
 
 
 

 

 
 
                              Fig. 2. Formulation of analysis  

    Our main goal is to find scale  (see (4)). If we know  

, there is a possibility simply to calculate 
0x

0x 0I  from (1) 
i.e. the initial image distribution. 

C. Least square solution (LSS) 

The method of least squares provides a means of estimating 
the values of coefficients in an equation.  Typically, the 
estimates are based upon some sample of data.  The idea of 
least squares is to minimize the total amount of error due to 
these estimates.  Note that the technique of least squares is 
different from linear regression, though they have similar 
objectives [6].  

We implement least squares method in the following way  

                              (7) ( )[ ]∑ =−
n

i

2
ii mina;xy ϕ

where  corresponds to the experimental data of iy ( ) NxI  

(derived from n-sized CCD matrix for example); ( )a;xiϕ  

corresponds to the theoretical ( ) NxI  (see formula (1)); 

parameter a equivalent to . 0x
Because we have only one parameter in the minimization, 

we use the first derivative case 
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  Now we derive the first derivative of (4) 
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where , ,  are known constants (see (2)). 1c 2c 3c
 We put (9) and (1) in (8) and we derive the final equation 

to solve. The root of this equation is  (see (7) and (8)) 
respectively . We calculate this equation with numerical 
methods (not discussed here). 

a
0x

 
D. Numerical example 
 We suggest that, after the application of LSS and 

derivation of the coefficient  for the different wavelengths, 
an assessment be made that is based on the calculation of the 
derived error.  

a

     This would, to a great extent, support the application of 
larger wavelengths. Due to the necessity for experimental 
data, no numerical example has been given at this stage. We 
hope this will take place in our further papers.   

III. CONCLUSION 

In this paper we propose methods for estimation of the 
solution of the problem of restoration of turbulence-degraded 
images with respect to the wavelength, using a previously 
developed turbulence model.  
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The Research Results of Capacity Converter with Voltage 
Negative Impedance Converter 

Ventseslav D. Draganov1 , Zlatko D. Stanchev2, Ilya T. Tanchev3 

 
Abstract - The problem of increasing the frequency output 

relative sensitivity of the capacity converter and decreasing of 
the influence of the parasitic capacities is solved by connecting 
the Negative Impedance Converter (NIC) to the converter. 

The research results of a real capacity converter with Voltage 
Negative Impedance Converter (VNIC) are presented, which 
show the extent of compensation of the parasitic capacities. The 
experimental results confirm the derived theoretical relation-
ships and the simulation results with program product to a 
considerable extent. 

 
Keywords – Voltage Negative Impedance Converter,  

compensation of parasitic capacities, stray-immune capacity 
converter 

I. INTRODUCTION 

Measurement of small capacities is accompanied by the 
main difficulty, which caused by the effect of parasitic 
capacitances. In practice the three-terminal sensor has a 
grounded screen of its electrodes to protect it from external 
sources and of the influence of the parasitic capacities [1]. 

Circuit solutions for capacitance measurement, which can 
provide compensation of the parasitic capacitances and the 
electrodes of the unknown capacitance Cx are ungrounded are 
known [2, 3, 4, 5, 6]. The methods for compensation used in 
them do not enable their application in circuit solutions for 
measurement of the capacity of converter with one grounded 
electrode. 

When developing the capacity converters for measuring of 
non-electrical quantities a necessity to design converter 
circuits for registering very small capacities with reduced 
influence of the parasitic capacities arises. 

A converter “capacity – DC voltage” is developed [7]. 
It is capable of compensating the parasitic capacity of the 
connected primary capacity converter to a certain extent. This 
solution provides comparatively low sensitivity (a few pF). 

A solution enabling the increasing of the output relative 
sensitivity of capacity converter when it is needed the 
comparatively large parasitic capacity (over 10÷20 pF) to be 
compensated – by connecting Negative Impedance Converter 
(NIC) is suggested [8]. 

 
1Ventseslav D. Draganov is from the Faculty of Electronics at the 
Technical University - 1, Studentska Str., Varna, Bulgaria, e-mail 
address: draganov_vd@abv.bg 
 
2Zlatko D. Stanchev is from the Faculty of Electronics at the 
Technical University - 1, Studentska Str., Varna, Bulgaria, e-mail 
address: zlatko_stanchev@abv.bg 
 
3Ilya T. Tanchev is with the Faculty of Electronics at theTechnical 
University - 1, Studentska Str., Varna, Bulgaria, e-mail address: 
itta@ms3.tu-varna.acad.bg 

A solution enabling the increasing of the output relative 
sensitivity of capacity converter when it is needed the 
comparatively large parasitic capacity (over 10÷20 pF) to be 
compensated – by connecting Negative Impedance Converter 
(NIC) is suggested [8]. 

Scheme applications for improving the sensitivity of the 
capacity converters are known [9] [10]. The final result of the 
both cases is higher frequency output relative sensitivity.  

The study of this circuit solution is carried out without 
taking into account the influence of the parasitic capacities 
as well as of the input capacity of the used operational 
amplifier.  

The adding of the Voltage Negative Impedance Converter 
(VNIC) to the converter “capacitance – time interval” [11] 
decreases the equivalent capacity to a considerable degree 
and the bigger change is at the lower values of the unknown 
capacity Cx. This method, which uses the equivalent negative 
capacity of VNIC, enables decreasing of the assembly 
parasitic capacitances several times due to the decreasing of 
the correlation between the value of the measured capacity 
and this one of the parasitic capacitances. 

II. EXPOSITION 

А. Negative Impedance Converter (NIC)  
The Negative Impedance Converter (NIC) represents a 

four-pole [12], and there are two separate boundary cases - 
the Current Negative Impedance Converter (CNIC) and the 
Voltage Negative Impedance Converter (VNIC). The VNIC 
is shown in Fig.1, for which the dependence (1) is valid. 
 

 
 

Fig.1. Voltage Negative Impedance Converter (VNIC) 

   ni C
R
R

C .
1

2−= .       (1) 

When synthesizing the VNIC the stability have to be taken 
into consideration as the negative capacity can exist only in 
relation to other elements [12]. 
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The choice of the element values in the negative imped-
ance realization is usually based on the following general 
design consideration: 

idC RXRRR
n
<<<< ),,( 210      (2) 

where [13]: 
R0 - output resistance of the used operational amplifier,  
Rid – its input differential resistance. 

The maximum useful frequency can be increased by mak-
ing R1 = R2 [13]. 
 

В. Capacity converter with VNIC, connected into the 
measured capacity 

 

The capacity converter (Fig.2) includes relaxing generator, 
which is realized by the operational amplifier DA2, the 
resistors R3, R4, R5 and the unknown capacity Сх on the 
primary capacity converter [9]. VNIC, which is realized by 
the operational amplifier DA1, the Сn capacitor and the 
resistors R1 and R2 is connected to the primary capacity 
converter in parallel. 
 

 
 

Fig.2. Capacity converter with VNIC, 
connected into the measured capacity Сх 

 

The period of generated oscillations is defined by the 
expression [8]: 
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where: the coefficient N is defined by values of the resistors 
R4 and R5 as well as of the supply voltage. 

 
The period of the generated signal is decreased propor-

tionally to the values of the capacity Сn and the resistor R2 
and conversely proportionally - to the value of the resistor R1 
in the circuitry of VNIC. 

 

The equivalent capacity to the unknown capacity Сх and 
the VNIC’s input capacity Ci, which are connected in 
parallel, is defined by the expression [9]: 
  Ceq = Cx - Ci         (4) 

The equivalent capacity relative alternation δс is defined by 
the expression: 

 100.
X

eq
c C

C
=δ , [%]        (5) 

С. Graphic representation of the dependences  
Ceq = φ (Cn) and δс = φ (Cn) 
 

The dependence of the change of the equivalent capacity 
Ceq on the capacity Cn, with CX = const, is shown graphically 
in Fig.3. 
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Fig.3. Dependencies Ceq = φ (Cn) 
 

The dependence of the change of the equivalent capacity δс 
on the capacity Cn, with CX = const, is shown graphically in 
Fig.4. 
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Fig.4. Dependencies δC = φ (Cn)  
 

D. The validity of the dependence T = φ (Cn) and influ-
ence of the parasitic capacities on the period of generated 
oscillations in VNIC circuit 
 

The dependence of the period of generated oscillations on 
the value of the capacity Cn corresponds to this formula from 
(3) to a considerable degree when the value of the capacity Cn 
< Cx [8].  

The influence of the parasitic capacity Cp1, connected to 
the input capacity of the operational amplifier DA1 (Fig.2), 
on the dependence (3) is studied. For the values of the 
capacity Cn < Cx, current through the input capacity of the 
operational amplifier DA1 practically does not flow, the 
voltage between the input terminals is near to zero and the 
capacities Cin and Cp1 has not an effect on the validity of the 
dependence (3) [8]. 

When the capacity Cn < Cx in the circuitry of VNIC, the 
parasitic capacities Cp2 and Cp3 have noticeable effect just 
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rters can be reduced 
as well as measurement of capacities, which are smaller than 
the v

ogram 
pr

ear to the real values 
of  
C

lts from the investigations of the de-
pendences T = φ (Cn), through simulation, are shown 
graphically in Fig.5. 

 

ly on values over (5 ÷ 10) pF, which are greater than the 
real ones [8].  

 

The aim of the present work is to show in what degree the 
parasitic capacities in real capacity conve

alue of the real parasitic capacities. 

III. EXPERIMENTAL RESEARCH 

The capacity converter, with VNIC connected to the meas-
ured capacity, is studied by simulation with the pr

oduct Electronics Workbench 5.12 as well as through 
experimental studies on a real experimental treatment. 

The validity of the dependence (3) for the values of the 
capacity СХ = 5, 10, 20 pF, which are n

 the parasitic capacities, with the capacity values 
n = 1, 2, 4, 5, 10, 16, 20 pF is studied. 

 
1. Results from the experiments, obtained through simula-

tion with software 
 

The summary resu
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Conclusion: The experimental results correspond to this 
through simulation. 

 

 

Fig.5. Summary results for the dependences T = φ (Cn), 
through simulation 

 

Conclusion: The period of t
n

linear law, with values Cn < CX. 
 

2. Results from the experiments, obtained through on a
real experimental treatment 

 

The summary results fro
ndences T = φ (Cn), on a real experimental treatment, are 

shown graphically in Fig.6. 
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Fig.6. Summary results for the dependences T = φ (Cn), 
through a real experimental treatment 

 
3. Comparison of the investigations results, obtained 

through simulation and a real experimental treatment for the 
dependence (3) 

 

The comparison results for the dependence T = φ (Cn), 
obtained through simulation and a real experimental treat-
ment, with the values of the capacity СХ = 5, 10, 20 pF are 
shown graphically in Fig.7, Fig.8 and Fig.9 respectively. 
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Fig.7. Dependence T = φ (Cn), with Cx = 5 pF 
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Fig.8. Dependence T = φ (Cn), with Cx = 10 pF 
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In case of necessity to decrease the effect of the parasitic 
capacities in measuring circuits, the VNIC can be used to 
increase their sensitivity. 
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The prepositional decision can be used for a limited de-
crease of the parasitic capacities in linear capacity converters 
with one grounded electrode, for the purpose of increase their 
sensitivity. 
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Investigation into Non-Recursive Digital Filter in 
Correlated Jamming Environment 

Borislav G. Najdenov

Abstract - The author presents results of investigation into 
non-recursive digital filter. Kinds of window proceeding have 
been considered. A simulated model of jamming correlated 
interference is used to obtain results.  

Keywords - non-recursive digital filter, jamming correlated 
environment 

I. INTRODUCTION 

In many publications, connected with digital 
communication theory, the most frequently assumed model 
for a transmission channel is the additive white Gaussian 
noise (AWGN) channel [1-3]. However, for some 
communication systems the AWGN channel is a not good 
model [1]. For instance, if a useful signal and correlated noise 
are summed in a communication channel, the received signal 
is badly distorted. That will lead to wrong decision by the 
receiver. On the one hand it might be decided that of the input 
of the receiver there is a useful signal but, in fact there is not; 
on the other hand, a useful signal might be missed. One of the 
basic methods to reduce the correlated jamming environment 
in communication channel is an implementation of digital 
band pass filter (BPF). In [1] it is investigated a non-
correlated . Rician fading channel and Rayleigh fading cannel. 
At the end of that article it is given that the developed channel 
model can be extended with minor additions to a model of 
other types of fading channel. A correlated Rucian fading 
channel is given as an example. The other articles [2-4] 
consider correlated Rayleigh distributed fading samples by 
using the modified sum of sinusoids method  

The paper is organized as follows. Section II gives a brief 
introduction of possible method of synthesis of BPF. A 
frequency method of obtaining ideal amplitude frequency 
characteristic (AFC) is examined. This method is used for 
achieving pulse characteristic of non-recursive PBF. At this 
examination a different kind of window proceeding is used. 
At solving that task, AFC is referred to spectral components 
of interference. The jamming correlated noise is modeled and 
his characteristic of power spectral density (PSD) is intently 
located on low frequency domain. A transversal structure of 
BPF is obtained on the base of received pulse characteristic. 
The results from investigation into BPF that is not conjugated 
with spectral components of jamming environment are 
presented in section III. There are other results obtained by 
using a window proceeding not only on frequency samples, 
but also on correlated noise. In addition, there are tables 
which contain information about a variety of filter elements 
and extension of frequency transient filter area. 
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In  Figures  5  and  6  is  shown   the   effect   of   amplitude 
frequency characteristic lobes upon proceeding signal. In 
section IV there are some commentaries on received results. 
At the end of the article there are some references. 

II. PULSE CHARACTERISTIC OF                  
TRANSVERSAL BPF 

It is possible for us to use method for synthesis of BPF with 
procedure, which minimizes a mean quadratic error in 
frequency domain. In addition, it is necessary the required 
AFC , to be determined by discrete raw of spectral 
components 

)( iw
d eH

{ } Mjj ,,2,1, K=ω . Mean quadratic error for 
these components is determined by equation (1) [5]: 

           
2

1
)()(∑

=
⎥⎦

⎤
⎢⎣

⎡ −=ε
M

j

iw
d

iw jj eHeH .         (1) 

In that case is supposed that the transmission function of filter 
is determined by equation (2) 
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A cascade form of realization has been chosen. In this way, it 
is achieved a low sensitiveness of accuracy of coefficients as 
well as convenience at calculating the derivatives. These 
derivatives are necessary for optimizing the filter. 

This article investigates the non-recursive BPF with 
transversal structure, built by frequency sample methods. It is 
assumed that correlated jamming noise is located on low 
frequency domain, showed on Fig. 1 and marked as (1). The 
low frequency domain range is from 0 to 2upf , where  
is the assumed upper passing frequency of channel. The 
uncorrelated white noise is spread in high frequency domain. 
Two useful signals are situated in the communication channel. 
They are harmonics that are placed in different domains. The 
first is located under

upf

2upf , and the second harmonic signal 

is located above 2upf . These signals are chosen to 
determine influence of BPF on wideband useful frequency 
signal. 

The main parameters are frequency of discrete sample, 
marked with F, upper frequency of non-passing band, marked 
with fs, and lower frequency of passing band, marked with fp. 
Width of transmission band is determined by equation (3): 

                          )(
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sp ff
F

−
π

=ωΔ ,                     (3) 
and for investigated model π=ωΔ 039.0 . 

In  this   investigation  it   is   used   transversal   filter   with   

518 



different number of elements, which are marked with N. 
When a window function is used, the order of transversal filter 
is N=32. On frequency channel band a known ideal 
AFC )(~ kH of BPF is defined, and frequency samples are 
estimated. These samples then are converted by Discrete 
Fourier Transform (DFT) (4): 
 

 
 
 
 
 
 
 
 
 
 
 
Fig. 1 
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Any sequence with limited length is completely determined 
from N sample of DFT. Consequently, synthesis of BPF may 
be achieved by finding N sample of pulse characteristic. The 
results obtained from of DFT of  are the pulse 
characteristic of band digital filter (DF). The received signal 
will be treated with this filter to reduce the jamming low 
frequency clutter. The obtained pulse characteristic is plotted 
in Fig.2. 

)(~ kH

 
 
 
 
 
 
 
 
 
 
 
 
 
 

 
 
The discrete samples of , marked as Hd(eiw) have to be 

given with simple functions, which are possible to be 
integrated. If that is impossible, representation of transmission 
function is hd(n) and is obtained by analogue-to-digital 
conversion of AFC marked as Hd(eiw) and by using Inverse 
DFT Eq. (5): 
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On Fig. 3 is given obtained transmission function of BPF 
with Hemming window.The same frequency characteristic, as 
in Fig. 2 is used. 
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III. RESULTS FROM INVESTIGATION OF BPF 

The coefficients of band pass transversal filter are 
determined by pulse response characteristic. Thus it is 
possible to estimate suppression of filter over received 
jamming signal. In the process of investigation the levels of 
different spectral components before and after proceeding are 
valued. For that purpose jamming spectral components are 
divided into some groups. At first division, the spectrum 
components of noise are grouped in two equal parts.  

The first group is SL and it consists of components, which 
are covered by frequency band from 0 to 2upf , and the 
second group is SН, which consists of components, covered by 
band from 2upf  to . The point of this division is to 
estimate the relative share of these groups applied to whole 
interfere signal and to evaluate the influence of various BPF 
on frequency components of treated signals. The result of this 
grouping is shown in Table I. The first column of Table I 
shows different kind of known treating windows. 

upf

 
TABLE I 

RELATIVE SHARE OF TWO GROUPS 
APPLIED TO WHOLE SIGNAL 

SL SH Kind window 
treating % 

Before filtering 80 20 
Derichlet 65,4 34,6 

Han 65,6 34,4 
Hamming 64,2 35,8 

Exact Blakcman 69 31 
Blackman-Harris 68,9 31.1 

Flat-Top 67,2 32,8 
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The same kind of dividing of spectral components, but this 
time in three equal groups, is shown in Table II. The first 
group is PL and it consists of components, which are covered 
by frequency band from 0 to 3upf , the second group is PM, 
which is consists of components covered by band from 

3upf  to 32.upf  and the third group - PH, 32.upf  to 

.  upf
The results in two tables give information about 

suppression of digital transversal filter over channel interfered 
signals. They are obtained with different window processing, 
and without it.  

Table III shows the results which are obtained with high 
pass DF which is not conjugated with interfered correlated 
noise and has two, three and four branches and the value of  
coefficients is always one. 

 
 

TABLE II 
RELATIVE PART OF THREE GROUPS 

APPLIED TO WHOLE SIGNAL 

PL PM PH Kind window 
treating % 

Before filtering 65 23 12 
Derichlet 43,9 34,5 21,6 

Hann 44,3 34,2 21,7 
Hamming 37,3 43,3 19,5 

Exact 
Blakcman 46,3 32,9 21 

Blackman-
Harris 46,2 32,9 21.1 

Flat-Top 45,8 32,8 21,5 
 
 

TABLE III 
NO CONJUGATED FILTER PROCEEDING 

РL РМ РH SL SH Kind 
Filter 

% 

Two 
branches 

43,9 34,5 21,6 65,4 34,6 

Three 
branches 

57,8 30,7 11,5 77,8 22,2 

Four 
branches 

69,6 22 8,4 86,2 13,8 

 
 
In Table IV are shown results, obtained with window 

proceeding over received signals.  
Table V shows the results obtained with window 

proceeding over received signals with non-recursive filter. In 
the process of receiving of the results, BPF with various 
numbers of elements, marked as N, are used. The window 
proceeding used is Flat top – Flat top. 
 

TABLE IV 
BEFORE FILTERING RECEIVED SIGNALS ARE PROCEEDED 

WITH DIFFERENT WINDOW TREATMENT. KINDS OF WINDOWS: 
D – DERICHLET, HM – HAMMING, HN – HANN, F – FLAT TOP 

РL РМ РH SL SH Kind 
Windows % 

D-D 43,9 34,5 21,6 65,4 34,6 
Hm-Hn 37,1 43,3 19,7 63,7 36,3 
Hm-F 37,7 43,4 19,1 63,9 36,1 

Hm-Hm 37 43,4 19,7 63,7 36,3 
F-F 46,3 33 21 67,7 32,3 

 
TABLE V 

RESULTS OBTAINED WITH DIFFERENT NUMBER 
OF FILTER ELEMENTS. N – NUMBER OF ELEMENTS 

РL РМ РH SL SH 
N 

% 
0 65 23 12 80 20 
16 54,9 27,5 18,1 73,4 26,6 
32 45 34,6 20,7 67 33 
64 44,4 35 20,9 64,7 35,3 

128 44,7 34,5 21 64,3 35,7 
 

Figure 4 and Figure 5 show the influence of non-recursive 
BPF upon proceeding jamming signal. In low band domain 
the effect of AFC diagram lobes is visible. The number of 
these lobes depends on the number of filter elements. In 
Figure 4, the number of elements is 16 and in Figure 5 – 64. 
That effect is not visible in high pass frequency domain. 
 
 
 
 
 
 
 
 
 
 
 
 

 
                Fig. 4. Filtered jamming signal, N=16 

 
 
 
 
 
 
 
 
 
 
 
 

     
          Fig. 5. Filtered jamming signal, N=64 
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Table VI shows the results connected with the investigation 
of width of the frequency transient filter area according to the 
number of elements and with regard to suppressing 
possibilities of BPF (3).  

 
TABLE VI 

RESULTS OBTAINED TO VARIOUS WIDTH OF 
FREQUENCY TRANSIENT FILTER AREA 

РL РМ РH SL SH 
N ωΔ  

% 

8π
ω =Δ  45 33,3 22,1 66,7 33,3 

32 

16π
ω =Δ  45 34,6 20,7 67 33 

11π
ω =Δ  44,4 35 20,9 64,7 35,3 

64 

32π
ω =Δ  44,9 34,2 21,2 65,2 34,8 

IV. COMMENTS ON RECEIVED RESULTS 

From the results shown in Tables I, II and IV it is possible 
to make a conclusion that proceeding with Hamming window 
gives the best results. The suppression of correlated is better 
than of other window proceedings. When this Hamming 
window is used, a rising of PSD in middle of spectral domain 
is observed. 

 
 

 
 
 
 
 
 
 
 
 

 

 
 
The signal 2 from Fig. 3 is suppressed when a 128-element 

filter is used. This can be explained with the fact that the 
signal 2 is canceled by AFC filter lobes. 

After BPF proceeding of jamming environment, the output 
signal remains correlated. This result is shown in Fig. 6. In 

this figure the correlation coefficients exceed the 5% 
admissible limits. 

This can be explained with the fact that BPF parameters are  
not in compliance with the correlation characteristics of the 
jamming environment.  
 

 

 

 

 

 

 
 

Fig. 7. Signals 1 and 2 are received after proceeding  
with BPF, and they are shown also in Fig. 1  

before proceeding. The useful signal 2 is suppressed. 

 
After filter proceeding, the useful signal 2 is suppressed – 

Fig.1. This signal is located in non-pass frequency area of 
BPF. The amplitude of other useful signal 3 rises above the 
interfere noise and it is shown in Fig.7. 
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Noise Modeling and Simulation for BJTS 
at Low Frequencies 

Pesha D. Petrova1, Dimitar P. Petrov2 

 
Abstract – A BJT noise model with the external base and 

emitter circuits modelled by Thévenin sources is synthesized.  
Two Vn – In low-frequency noise models are presented, too. The 
effect of the frequency, of the BJT small-signal ac current gain 
and of the source resistance on the noise is analysed. Noise 
simulations are performed.  MATLAB simulation results are 
presented. 

 
Keywords – BJT noise model, Thévenin source, MATLAB 

simulation. 

I. INTRODUCTION 

The noise is among the key parameters of many today’s 
communication systems. Therefore, noise modeling is a very 
important step for the computer-aided design of electronic 
circuits used in the modern communication systems. 

In order to predict correctly the noise behavior of such 
systems, accurate noise models for semiconductor devices are 
required. Without them, the design and optimization of noise 
characteristics and parameters cannot be successful. 

Since the key element in many circuits is the bipolar 
junction transistor, extensive work has been carried out in the 
field of noise modeling and analysis of this device. The 
existing BJT physical models [1, 2] are too complex and 
require many parameters. These models generally show good 
agreement with measured data, but some deviations can still 
be observed, since the correlation between voltage and current 
sources is completely ignored in these models. In many cases 
for practical applications, noise modeling for transistors can 
be split into a high and a low frequency segment. The low-
frequency noise, dominated by the  noise, is usually 
neglected, that is not correct enough. 

f/1

On the base of the small-signal BJT models [1] and on the 
-  noise sources an analytical approach to overcoming 

the above defined problems is proposed in this paper. The 
equivalent input noise, as well the correlation coefficient 
expressions corresponding to the low-frequency BJT noise 
models developed, are obtained. A MATLAB code is created 
and it can be used for noise analysis of the BJT electronic 
circuits. An example of simulating the BJT noise 
characteristics using the modeling expressions is presented as 
well.  

nV nI
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II. LOW – FREQUENCY BJT NOISE MODELING  

The BJT noise model at the low frequencies can be 
synthesized on the base of the BJT small – signal models 
which are commonly used to analyze BJT circuits. These are 
the hybrid - π model and the T model [2]. The two models 
give identical results. 

The principal noise sources in a BJT are thermal noise in 
the base spreading resistance , shot noise and flicker noise 
in the base bias current , and the shot noise in the collector 
bias current . 

bbr ′

BI

CI
 The BJT noise model with external base and emitter 

circuits is shown in Fig. 1. 
 

 

Fig.1. Low-frequency BJT noise model with base and emitter circuits 
modeled by Thévenin sources 

 
The external base and emitter circuits are modeled by 

Thévenin equivalent circuits. With , the circuit 

models a common - emitter or CE stage. With 

0V2 =
0V1 = , it 

models a common - base or CB stage. The noise sources 
, , and , respectively, model the thermal noise in 

,  and . In the band 
btbV ′

bbr ′

1tV

1R
2tV

2R fΔ , the thermal noises have 
the following mean-square values 
 

fkTr4V bb
2
btb Δ′′ =                                (1) 

fkTR4V 1
2
1t Δ=                                  (2) 

fkTR4V 2
2
2t Δ=                                  (3) 
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where  is the Boltzmann’s constant, and k T is the absolute 
temperature. 
The shot noise and flicker noise in the base bias current  

are modeled by , and the shot noise in the 

collector bias current  is modeled by . The mean -
square noise current values are given by 

BI

fbshb II +

CI shcI

 

fqI2i B
2
shb Δ=                                  (4) 

f
fIK

i
FA

BF2
fb

Δ
=                              (5) 

fqI2i C
2
shc Δ=                                  (6) 

where is the electronic charge,  is the flicker noise 

coefficient, and  is the flicker noise exponent. 

q FK

FA
The short-circuit output collector current can be described 

by 
( ) shctemetbmbscc IVGVGI +−= .              (7) 

 

The transconductances  and , respectively, can be 
expressed as 

mbG meG

1o

1o

o1e
mb Rr

/Rr
rIIRr

G
+

−
+′

=
βα

                 (8) 

 

2o

eo

o2e
me Rr

/rr
rIIRr

G
+
′+

+′
=

αα
  .               (9) 

 

In these equations,  is the collector–emitter resistance, or β  

is the small-signal ac current gain, ( )ββα += 1/ , and 
( ) ( )β+++=′ ′′ 1/rrRr ebbb2e  

where is the small - signal base - emitter resistance. ebr ′

Based on the noise model in Fig.1, the voltages  and  
in Eq. (7) are obtained as 

tbV teV

 
 

( )( )bb1fbshbbtb1t1tb rRIIVVVV ′′ +++++=   (10) 

( ) 2fbshbshc2t2te RIIIVVV −−++=  .     (11) 
 

The equivalent noise input voltage  can be expressed as 

a voltage in series with 1V or CE stage and in series with 2V  
 CB stage, respectively. 
ubstituting Eqs. (10) and (1

niV
 f

for
S 1) into Eq. (7) and factoring 

 yields mbG
 
( ) { ( )( )bb1fbshbbtb1t1mbscc rRIIVVVGI ′′ +++++=  

 

( )[ ] }
mb

shc
2fbshbshc2t2

mb

me

G
I

RIIIVV
G
G

+−−+− .  (12) 

The equivalent noise voltage in series with  is given by l 

terms in brackets except the  and s, i.e. it can

 1V
 term

 al

 be 1V 2V
reduced to 
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where q/kTVT = is the thermal voltage. 
To express  as a voltage in series with , Eq. (13) is 

 b
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This expression gives the mean-square equivalent noise i
voltage for the CE stage. To obtain  for the CB stage, the 

nput 
 2

niv

expression is multiplied by ( )2memb G/G . It follows from 

Eq. (14) that if 0R2 = , 2
niv  is indepe dent of or . 

Equation (14) can be sim is assumed that 
n

plified if it 
β/Rr 2o >> and α/rr eo ′>> , i.e. it is assu e

approximations [3 . ith these approxima on
m d the 

ca
 

or  
] hold W ti s Eq (14) 

n be written in the next form 
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2
ni Δ++= ′  

( ) 2
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This approximation applies to both the CE and

Two forms of the 

     

 the CB stages. 
nn IV −  low - frequency noise models 

of the BJT are shown in Fig. 2. 
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a) b) 

 

Fig. 2. Low – frequency Vn - In BJT noise models 
 
The m xternal 

resistor in series with the base. The asterisk indicates that 
is

mo en by his equation is the 

odel of Fig. 2 a) assumes that bbr ′  is an e

bb ′
 to be considered noiseless. The model of g. 2 b) assumes 

that bbr ′ is internal to the BJT. 
 To determine the values of nV  and nI  Eq. (13) is used for 
both dels. Because V  g

r  
 Fi

ni

voltage in series with the base, 1R  must be considered to be 
the resistance of the signal source. In the nn IV −  model, the 

nI  noise source connects between signal ground and the 
input. Therefore, 2R  must be set to zero in the circuit to solve 
for nI . Otherwise, 2R  would appear in the model and nI  
would connect from he base to the lower node of 2R . In this 
case, Eq. (13) becomes 
 

iv  t

 t
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A. Analysis of the First Vn - In Model 

ten in the form 

   

 
For the first model Eq. (16) can be writ
 

( )bbsnntsni rRIVVV ′+++=                    (17) 
 

where  and .  
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Eqs. (18) and (19) can be converted in
square forms 

to the next mean -

f
I
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Because  appears in the expressions for both  and 
, th  coefficient is not zero and it is ob

f
I
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B. Analysis of the Second Vn - In 
 

r the second model Eq. (16) can be converted into the next 

Model 
Fo
form 

VVV ++ snntsni RI= .                 (23) 

age
tsV and sR are the same as in Eq. (17). Thus, the noise 

volt  nV  is 
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and the noise current is defined by Eq. (19). 
The mean-square value of  is solved for as follows  
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and the mean-square value of  noise source  is id

with  determined by Eq. (21). 
rm
ssi

corr  co
 

  

nI entical 

 2
ni

It is clear that for the second fo  of nn IV −  model, shbI , 

fbI  and shcI  appear in the expre ons for both 

 and I
nV  and nI . 

 ThTherefore, the correlation between nV n  exists. e 
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III. SIMULATION RESULTS

Using the above sh  BJT mod e noise in a CE stage 
is simulated. 

  

 

own els, th
The BJT is biased at IC mA1=  and 

.V10CBV = The small - signal parameters are Ω40r bb =′ , 
,100=β  ,k40ro Ω=  ,k5.2r eb Ω=′  gm =

the effect of the frequency on the e 
h noise voltage is presented. It can be concl  

e eV ot

.S04.0  
In Fig. 3 mean-squar

value of t e uded
fro

clear from

m the results that th  thermal nois t and the sh  noises 

1bV  and cV are independent of frequency, while the flicker 
noise 2bV  is inversely proportional to he frequency. It is 

ig. 3 that close to the frequency Hz10f
 t

 F =  the 
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lent
coincides 

equiva  noise input voltage is almost coincides with low-
frequency component and for Hzf 1000>  it with 
the thermal component.  

 
Fig. 3. Noise voltage as  frequency 

 

The noise voltage change  small-signal  
current g ults, th
th

a function of 

 as a function of ac
at ain is shown in Fig. 4. It follows from the res

e β is not effected on the thermal noise. Although 2
niv  

decreases as β increases, the sensitivity is not that great for 
the nge of ra β for most BJTs. Most BJTs have a β in th  

range 1000100 ≤≤

e

β . As β increases over this range, 2
niv  

decreases by 2.855dB. Superbeta transistors have a β in the 
range 001001000 ≤≤ β . As β increases over this range, 

2
niv  decreases by only 0.345dB. Therefore, only a slight 

improv  can be expected by using 
er 

emen ise pet in no rformance
high β  BJTs, especially, when the transistor is biased at the 
optimum collector current. 

 
Fig. 4. Noise voltage ch  ofange as a function β  

 

Fig. 5 d ltage, as 
well, its c s tance.  It 
is

oi

emonstrates the simulated input noise vo
omponents, as a function of the source re is

 clear that for very low values of sR , the equivalent noise 
input voltage is principally due to the nv  noise. As resistance 
is increased, the noise is principally d  to the flow of the ni  

noise through sR . For large sR , the n se voltage is directly 
proportional to sR .  

 
Fig. 5. Noise voltage components over different source resistances 
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e The effect of the flicke
oltage is plotted in Fig. 6. The noise voltages relation
r 16

F 10x4.5K −= and 0K F =  is 1.415 for Ω1Rs = , 
10.545 for Ωk10Rs = , and 12.644 for Ωk100Rs = .  

 
Fig. 6. Nois age as a fun n of source resistance and   

An approa r BJT no odelling and analysis at low 
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IV. CONCLUSION 

ped. Matlab simulatio
ailability of the approach proposed. The results allow a 

wide range of designers to analyze and to predict the effect of 
the BJT parameters, source resistance and frequency on the 
equivalent noise, as well, on the designing systems noise 
behavior.   
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Computation of Capacitance of Circular Conductors 
Sarhan M. Musa1 , Matthew N. O. Sadiku2 

 
    Abstract – Circular conductors have manufacturing 
advantage compared to rectangular conductors in building 
microwave components such as filters and couplers which make 
it very popular for microwave designers.  The accurate and 
efficient evaluation results of the self and coupling capacitance of 
circular conductors can help the designers to optimize the layout 
of the integrated circuits. In this paper we present computing of 
the capacitance per unit length of circular conductors. Mainly, 
we focus our computation on three types of systems: single 
circular wire above ground plane in a dielectric layer, single 
circular conductor above a perfectly conducting ground plane in 
a lossy dielectric layer, and three circular rod arrays in a 
rectangular trough with homogenous dielectric layer. 
Comparisons with published results demonstrate excellent 
agreement with the modeling and simulation using finite element 
method (FEM).   
 
 

Keywords – Circular conductor, capacitance, finite element   
method. 
 

I. INTRODUCTION 

    In recent years, investigators, designers, and researchers 
become more interested in circular conductors due to its 
application in high speed and high density digital electronics 
such as chip carriers and printed circuit technologies. 
Therefore, analysis and computation of electrical 
characterization such as capacitance matrices for circular 
conductors are essential to be accurate and efficient.   
    Previous attempts at the problem include using boundary 
element method (BEM) [1-2], method of moment (MOM) [3-
4], wavelet expansion method [1], analytical method [1-2], 
method of images [5], conformal transformation method 
(CMT) [5-6], integral equation method [7], multipole theory 
method (MTM) [8].  We illustrate that our method using  
FEM is suitable and effective as other methods for modeling 
of circular conductors. 

 

    In this work, we use finite element method (FEM) with 
COMSOL multiphysics package to calculate the capacitance 
per unit length of open and shielded circular conductors. We 
use finite-element method (FEM) in modeling the 
transmission lines structure, because FEM is especially 
suitable for the computation of electric and electromagnetic 
fields in strongly inhomogeneous media. Also, it has high 
computation accuracy and fast computation speed.  We 

consider three circular conductor systems: (1) single circular 
wire above ground plane in a dielectric layer with zero 
conductivity, (2) single circular conductor above a perfectly 
conducting ground plane in a lossy dielectric layer, and (3) 
three circular rod arrays in a rectangular trough with 
homogenous dielectric layer. We compare our results with 
previous investigators and find them to be close.   
 

II. RESULTS AND DISCUSSION 

    The models are designed in 2D using electrostatic and 
magnetostatics environment.    
    In any electromagnetic field analysis the placement of far-
field boundary is an important concern, especially when 
dealing with open solution regions. It is necessary to take into 
account that the natural boundary of a line at infinity and the 
presence of remote objects and their potential influence on the 
field shape [9].   In all our simulations, the circular conductor 
is surrounded by a  X  shield, where is the width and 

 is the thickness of the shield.   In the boundary condition of 
the model’s design, we use ground boundary which is zero 
potential ( 

w h w
h

0V = ) for the shield. We use port condition for 
the circular conductor to force the potential or current to one 
or zero depending on the setting. 
  
A. Single Circular Wire above Ground Plane in a Dielectric 
Layer with Zero Conductivity 
 
 y  
 
 

0.5 mm 
 
 
 
 
 
 
 
 
 
 
Fig. 1. Cross-section of single circular wire above ground plane with 

zero conductivity. 
 
    The geometry is enclosed by a 10 X 10 mm shield. The 
shielded is not included in Fig. 1 but it is included in Fig. 2.  
Figure 2 shows potential distribution in streamline plot for of 
single circular wire above ground plane with zero conductivity. 
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Fig. 2. Potential distribution in streamline plot for single circular 
wire above ground plane in a dielectric layer with zero conductivity. 

 
    Table I shows the finite element results for the capacitance 
per unit length of single circular wire above ground plane in a 
dielectric layer with zero conductivity.   The results in Table I 
are compared with the work of previous investigations.  They 
are in good agreement. 
 
B. Single Circular Conductor above a Perfectly Conducting 
Ground Plane in a Lossy Dielectric Layer 
 
    Figure 3 shows the cross section for single circular 
conductor above a perfectly conducting ground plane in a 
dielectric layer with loss tangent. 
 
 
 

  
 
 
 
 
 
 
 
 
 
 
 
 

Fig. 3. Cross-section of single circular conductor above a perfectly 
conducting ground plane in a lossy dielectric layer. 

 
    The geometry is enclosed by a 10 X 10 mm shield. The 
shielded is not included in Fig. 3 but it is included in Figs. 4 
and 5.    Figure 4 shows potential distribution in streamline 
plot.  Figure 5 shows potential distribution in contour plot. 
 

 
 

Fig. 4.  Potential distribution in streamline plot for single circular 
conductor above a perfectly conducting ground plane in a dielectric 

layer with loss tangent. 
 

 
y   

Fig.  5. Contour plot of single circular conductor above a perfectly 
conducting ground plane in a lossy dielectric layer. 

0.5 mm  
 
    Table II shows the finite element results for the capacitance 
per unit length of single circular conductor above a perfectly 
conducting ground plane in a lossy dielectric layer.   The 
results in Table II are compared with the work of previous 
investigations.  They are in good agreement. 

rε = 4 
2 mm 

 σ = 2.667x 10-5 S/m 
 
C. Three CircularRrod Arrays in a Rectangular Trough with 
Homogenous Dielectric Layer with Zero Conductivity 0 Ground Plane x  
    Figure 6 shows a multiple circular conductors geometry of 
three circular rod arrays in a rectangular trough with 
homogenous dielectric layer and zero conductivity with the 
following parameters: 

1R = radius circular conductor 1 = 1.5 mm 

2R = radius circular conductor 2 = 1.5 mm 

3R = radius circular conductor 3 = 2 mm 
 
    The circular conductors are in a rectangular trough with 
dimension  22 X 8 mm.  Figure 7 shows the potential 
distribution in streamline plot. Figure 8 shows potential 
distribution in contour plot. 
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TABLE I 
VALUES OF THE CAPACITANCE (in pF/m) COEFFICIENTS FOR SINGLE CIRCULAR WIRE ABOVE GOUND PLANE IN A 

DIELECTRIC LAYER WITH ZERO CONDUCTIVITY  
 

    C  Reference [1-2] 
Wavelet 

expansion method 

Reference 
[1-2] 
BEM 

Reference 
[1-2] 
MOM 

Reference 
[1-2] 

Analytical  

Our Work 

11C  169.9379 169.9840 153.1754 170.1889 177.1165 

 
 

TABLE II 
VALUES OF THE CAPACITANCE (in F/m) COEFFICIENTS FOR SINGLE CIRCULAR WIRE ABOVE GOUND PLANE IN A LOSSY 

DIELECTRIC LAYER 
 

    C   Reference 
[10] 

Numerical 
solution 

Reference 
[10] 

Analytical 
solution 

Our Work 

11C  1.073 x10-10 1.078 x10-10 1.056 x10-10 

 
 
 
 
 
 
 
 
 
 
 
 

 σ = 0 = 1 rε

Fig. 6. Cross-section of three circular rod arrays in a rectangular trough with homogenous dielectric layer. 
 

 
TABLE III 

VALUES OF THE CAPACITANCE (in pF/m) COEFFICIENTS FOR THREE CIRCULAR ROD ARRAYS IN A RECTANGULAR 
TROUGH WITH HOMOGENOUS DIELECTRIC LAYER AND ZERO CONDUCTIVITY 

 
C   Reference [8] 

MTM 
Reference [8] 

BEM 
Our Work 

11C  49.85 49.80 49.88 

12C  -4.802 -4.793 -4.805 

13C  -0.0063 -0.0064 -0.0064 

22C  47.51 47.46 47.54 

23C  -6.259 -6.249 -6.262 

33C  67.36 67.30 67.39 

 
 

1R  2R  3R 8 mm  

4 mm m m m 4 m7 m 7 m
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    In this paper, we have presented the computing and 
modeling of three types of circular conductor transmission 
line systems:  single circular wire above ground plane in a 
dielectric layer with zero conductivity, single circular 
conductor above a perfectly conducting ground plane in a 
lossy dielectric layer, and three circular rod arrays in a 
rectangular trough with homogenous dielectric layer. The 
results obtained using COMSOL for the capacitance per unit 
length agree well with those found in the literature. 
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Evaluation of the Industry Standard Sampling Rates 
Petre Tzv. Petrov 

 
Abstract – Video, audio, measurement and control industries 

are using a lot of standard sampling rates based on the classical 
signal conversion theory. In the paper most of them are 
evaluated from the point of view of amplitude errors. New 
parameters for errors evaluation are proposed. The results are 
showing that new and deeper research is needed in order to 
evaluate fully the effect of the signal conversion process. 

 
Keywords - standard sampling rates, evaluation, errors 

I. INTRODUCTION 

The industry is using a large wide variety of sampling rates 
[1, 2, 3, 4] with not well defined errors during the conversion 
of the real world signals (usually called analog signals). The 
basic parameters of the real world signals are discussed in [5]. 
This variety of sampling rates applied to the same type of 
signals (audio, video) with destination to the human beings 
without clear definition of the testing signals and introduced 
errors is a proof that the theory and practice of the field are 
not well developed.  The present situation should be 
understood clearly and corrected according to the properties 
of the real signals and the end user. 

The basic and most useful test signals for the signal 
conversion theory and practice are: 

1. Direct current (DC). 
2. Sine and cosine wave without direct current. This is the 

simplest band wide signal (SBLS) with zero phase and DC 
component. The definition of SBLS is given below. 

 3. The SBLS with phase and DC components which are 
not zero . 

4. The sum of SBLSs. In practice every real world signal 
could be presented as a finite sum of SBLSs. 

5. Linearly changing signal (triangular signal). 
6. Saw tooth signal. 
Definition: The simplest band limited signal (SBLS) is a 

signal with two lines into its spectrum. The first line is the 
direct current (DC) and the second is a sine or cosine wave.   

The following two formulas are applicable to the two 
basics SBLS: 

A = Amsin (2πf + θ) + B                   (1) 
A = Amcosin (2πf + θ) + B                 (2) 

 
The SBLS is the simplest test signal with two lines into 

spectrum and with four parameters to reconstruct (Am,f, θ and 
B). 
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The terms SBLS and “algebraic sum of SBLSs” are 
intended to replace the term “band limited signal” used widely 
in the technical publications. The goal is to introduce a way 
for better errors evaluation during the sampling and 
reconstruction process. 

It is important to mention that once converted into digital 
form the analog signal (AS) cannot be reconstructed “exactly” 
or with “arbitrary” accuracy. Irreversible errors are introduced 
during the signal conversion.  This is in contradiction with the 
statement of the classical sampling theorem given in [6, 7, 8]. 

In fact the theorems of Kotelnikov, Nyquest and Shannon 
are all about “mathematical functions”, not about the process 
of sampling and reconstruction of real signals. Every real 
signal could be presented as a mathematical function, but not 
every function could be realized as real signal. Consequently 
the stated theorem dos not describe the sampling process. The 
history of that “theorem” is given in [1]. 

Moreover there is no two analog to digital converter 
(ADC) with exactly the same characteristics and there is no 
couples of ADC and digital to analog converter (DAC) with 
exactly matched characteristics. Consequently during every 
signal conversion unknown errors are introduced and the 
original analog signal cannot be reconstructed without errors 
in any signal parameter. 

The parameters which should be evaluated during the 
signal conversion process are defined for SBLS and sum of 
SBLSs below: 

1. Maximal amplitude errors. 
2. Minimal amplitude errors. 
3. Average amplitude errors. 
4. Phase error. 
5. DC errors. 
6. Introduced in band and out band frequencies into the 

reconstructed signals as separate values. 
7. Total introduced frequencies components by the 

sampling process. 
In that paper the parameters defined in the next section are 

evaluated. 

II. BASIC DEFINITIONS AND TYPE OF ERRORS 

As we mention above there are a lot of sampling rates (Fd ) 
combined  with different number of accurate bits (n) of the 
converters used widely in the industry of transmission and 
recorder of sounds and video 

This “diversity” and lack of objective criteria is partially 
created with the inaccurate basis of the sampling theory and 
particularly by Classical sampling theorem (CST) stated in [6, 
7, 8, 9] 

The terms used in that papers are defined below. 
Definition: Sampling factor (SF) N or “signal sampling 

factor” (SSF) is given with the formula below 
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N = Fd/Fs = Fd/Fmax    (3) 
where 

Fd is the sampling frequency. (Also it is called 
“digitalizing frequency”,  “sampling rate”, “discretizing 
frequency” or “frequency of the digital samples”). 

Fs is the frequency of the sampled sinusoidal or co 
sinusoidal signal (SS or CS). The DC offset and the phase are 
accepted to be zero in order to simplify the analysis. 

Fmax is the maximal frequency of the sampled band limited 
signal (BLS) 

Although N could be any number in most of the cases N 
greater than or equal to 4 is required. 

N is different for each signal component and consequently 
each signal component is converted with different set of 
errors. 

Definition: Band limited signal (BLS) is every signal 
which contains at every moment limited number of sinusoidal 
and co sinusoidal components between one minimal 
frequency Fmin and one maximal Fmax. In fact every BLS is a 
sum of limited number of SBLSs. 

Definition: Fixed band limited signal (FBLS) is every 
signal which contains limited and constant number of the 
same sinusoidal and co sinusoidal components between one 
minimal frequency Fmin and one maximal Fmax. Every BLS is a 
sum of limited number of SBLSs. 

Definition: Sampling phase to amplitude modulation is an 
amplitude modulation of the samples during the sampling 
process as consequence of changing the phase of the sampled 
signal when the instability of the sampling rate Fd is 
neglected. 

Definition:  The basic parameters of the sampling process 
with constant sampling rate Fd are: 

N =Fd/Fs - signal sampling factor; 
φ0 - angle of the first sample (time between the beginning 

of the coordinate system or of the period of the signal and the 
moment of the first sample) ; 

n - number of the accurate (reproducible) bits of the 
converter. (The “resolution” of the converter given with. the 
total number of the bits (m) is usually greater than the bits of 
the “accuracy” (n).) 

There is a relation between the SSF N and the number of 
bits n as follows: 

1. From one side for each N there is minimum value for 
the number of bits nmin which is not increasing the amplitude 
errors above defined limits. 

2.  From the other side for each N there is no use to 
increase the number of bits nmax above one value because this 
is not decreasing the amplitude errors in significant way. 

Definition: Fd100% is the first sampling frequency of 100% 
modulation. The term is intended to replace “the Nyquest 
frequency” or the”frequency of exact reconstruction”. The 
corresponding equation is  

Fd100% = 2 Fmax.   (4) 
Fd100%   is also called “the main (first) frequency of 100% 

modulation”. It is defined with the following conditions: 
1. Signal sampling factor N=2.  
2. With maximal amplitude error between 0 and 100% 

included. 

If we change the phase of the sampled with N=2 SS or CS 
from 0 to 90 degrees the amplitude of the samples will change 
from 0 to the maximal value of the SS or CS. Consequently 
the output samples are modulated by the phase of the sampled 
signal. 

Definition: Fs100% is the signal frequency of 100% 
amplitude modulation when the phase of the SS or CS is 
changing from 0 do 90 degrees for the given sampling 
frequency Fd. The corresponding equation is  

Fs100% = 0.5* Fd         (5) 
Definition: Fs3db is the sampling frequency guarantied 

maximal error Emax less than or equal to 3db (approximately 
30%) at given signal frequency Fs. The corresponding 
equation is  

Fd3db  = 4*Fmax= 4*Fs        (6) 
This frequency is also called the ”frequency of 3dB 

amplitude modulation”. 
Definition: Fd1dB  is the sampling frequency guarantying  

maximal amplitude error of 1 dB (approximately 10%) at 
given signal frequency Fs. It is defined with the equation: 

Fd1bB = Fd10% = 7*Fs   (7) 
Definition: F0.1dB is the sampling frequency guaranteeing 

maximal amplitude error of 0.1 dB (approximately 1%) at 
given signal frequency Fs. 

Fd0.1B = Fd1% = 22*Fs     (8) 
Definition: Fs3dB, Fs1bB,  Fs0.1B are respectively the signal  

frequencies guaranteeing maximal amplitude error of 3dB, 
1dB or 0.1 dB at the given sampling rate Fd. 

Definition: θmax1000 is the angle of the maximal deviation 
from the amplitude value of the SS at selected sampling rate 
when a SS with 1000Hz is sampled. The phase and DC 
components are zeros. 

Definition: φ0 = 0 angle of the first sample. (φ0 is the 
difference in time between the starting point of the signal (t1) 
and the moment when the first sample is taken (t2).) 

Definition: Maximal amplitude error Essmax during the 
conversion of SS (DC and phase components are zeros) is 
given with the equation below: 

Essmax=(1-sin(90-180/N)=(1-cos(180/N))   (9) 
Definition: Maximal amplitude error Ecsmax during the 

conversion of CS (DC and phase components are zeros) is 
given with the equation below: 

Ecsmax=(1-cos(90-180/N)=(1-sin(180/N))   (10) 

III. EVALUATION OF THE STANDARD SAMPLING 
RATES 

Most of the industry standard sampling rates and the 
principal application are listed in Wikipedia in the article 
“Sampling rates” [2]. They are evaluated from the point of 
view of the maximal amplitude errors when sinusoidal and co-
sinusoidal signal are sampled and the signal is directly 
reconstructed and the results are given in the Table I. 

Since 1000 Hz is considered suitable testing frequency 
when comparing different sampling rates and evaluating the 
number of the bits the signal sampling factor N1kHz is given at 
that frequency. Another suitable frequency for testing audio 
signal is 440Hz. 
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TABLE I 
EVALUATION OF THE BANDWIDTH AT SEVERAL LEVELS OF 

SOME OF THE INDUSTRY STANDARD SAMPLING RATES. 
 

Fd , 
[Hz] 

Fs100% 
(Fd /2) 

Fs3dB  
(Fd /4) 

Fs1bB  
(Fd /7) 

N1kHz 

5500 2750 1375 785.7 5.5 
7333 3666.5 1833.25 1048 7.33 
8000 4000 2000 1143 8 
11025  5512.5 2756.25 1575 11.025 
16000 8000 4000 2286 16 
18900 9450 4725 2700 18 
22050 11025 5512.5 3150 22.050 
22254 11127 5563.5 3179 22.254 
32000 16000 8000 4571 32 
37800 18900 9450 5400 37.8 
44056  22028 11014 6294 44.056 
44100 22050 11025 6300 44.1 
47250 23625 11812.5 6750 47.2 
48000 24000 12000 6857 48 
50000 25000 12500 7142 50 
50400 25200 12600 7200 50.4 
88200 44100 22050 12600 88.2 
96000 48000 24000 13714 96 
176400 88200 44100 25200 176.4 
192000  96000 48000 27429 192 
13.4 
MHz 

7.7 
MHz 

3.35 
MHz 

1.94 
MHz 

13400 

 
In the table the amplitude error from the finite number of 

bits (n) of the converter is neglected. In most of the cases this 
could be done when the following formula is applied: 

n>= log2 (1/ Emax) +3, [bits]    (11) 
where Emax  is the maximal amplitude error for the 
corresponding signal sampling factor N. 

IV. CONCLUSIONS AND SUGGESTIONS 

The signal conversion theory is in need of new and better 
formulated theoretical basis in order to evaluate errors during 
the signal conversions. Wide range of theoretical models 
could be developed but they should be not oversimplified [10, 
11].  

An example of oversimplified theorem is the classical 
sampling theorem and the Fourier series. 

When experimenting with SS and CS with SSF N=2 the 
following theorem could be used for signal reconstruction. 

Theorem: If we sample a sine or co-sine wave signal 
exactly into its maximum and minimum and convert it in a 
square wave signal with the same frequency and amplitude we 
can reconstruct the original SS or CS with appropriate low 
pass or band pass filter plus an amplifier with appropriate 
gain. 

 This synchronization is giving the possibility to 
reconstruct also the direct current component (DCC) of the 
SS/CS. 

Some of the terms in the signal conversion theory should 
be reevaluated and possibly replaced with more representative 
terms.  An example is given below 

1. The term “over sampling converter” is incorrect and 
difficult to understand because we can sample at any 
frequency. At that case what will be a “over sampled 
converter”? Connecting that term with “Nyquist frequency” is 
incorrect because at that frequency and near to it there is no 
full guaranty that the signal will be reconstructed entirely. 

2. The co-called “CD quality”  (Sampling rate of 44.1 
kHz) is guaranteed only 11.025 kHz bandwidth at – 3dB 
which obviously not enough to code the full audio band width 
for the human being which sometimes is extended to more 
than 20 kHz. It is much better to call that quality a “middle 
quality audio sampling”. In Table II are given several 
suggestions how to select the sampling frequency and number 
of the accurate bits of the converter in order to guarantee to 
respective quality of the directly reconstructed signal. 

 
TABLE II 

SUGGESTED VALUES FOR CONVERSION OF THE AUDIO SIGNALS 
WITH LESS THAN 3 DB MAXIMAL AMPLITUDE ERROR AT 

SELECTED QUALITY 
 

Signal Fsmax 
[Hz] 

Fd [Hz]  n [bits] 

MQ speech  4000 16000 >=14 
MQ audio  10000 40000 >=16 
HQ audio 20000 80000 >=18 
FQ audio 25000 100000 >=22 

Abbreviations in the table: LQ – low quality, MQ – middle 
quality, HQ – high quality, FQ – full quality for human beings 

 
Most of the industry standard frequencies are based of the 

old and inaccurate theory. They are guaranteeing 3dB signal 
band width lower than expected. Clear definition of the 
introduced errors is required. 

The paper is giving good presentation of the amplitude and 
phase performances of the industry standard sampling rates 
when a sine wave signal is sampled. 

When a sum of sine and or cosine waves or sum of SBLSs 
is sampled the results are more complicated and the generated 
errors cannot always be predicted and reproduced in a simple 
manner.  
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Sampling the Simplest Mathematical Functions 
Petre Tzv. Petrov 

 
Abstract: - In some cases the equations describing the sampled 

mathematical functions are known. Also sometimes a 
synchronization is possible between the sampled function and the 
sampling process. In these cases the parameters of the 
equation(s) describing the functions could be calculated 
according to the paper and the sampled function could be 
restored. The difference between mathematical functions and 
real signals are summarized. 

Keywords: sampling functions, known forms. 

I. INTRODUCTION 

In some cases the mathematical representation (equation(s)) 
of a mathematical function is known and the parameters of the 
equation(s) should be calculated. The paper is dealing with 
that case and with mathematical functions only. The problem 
with sampling mathematical function is discussed in [1 - 7]. 

The most important differences between a “real signal” and 
a “mathematical function” are shown in [ 8, 9,10] and are 
summarized below: 
* the real signal is uninterrupted function (smooth function). 
* the real signal has “rounded angles” (not “ideal” or “broken 
angles”) 
* the real signal has limited parameters in every moment 
(slew rate, power, spectrum, amplitude, etc.) 

The task of sampling and reconstruction of the parameters 
of a mathematical function had deep theoretical roots in the 
past [1]. Now it has a practical meaning because often signals 
coming from the electronic test equipment are clear and could 
de replaced with very good accuracy (e.g. amplitude errors 
less than 0.5%) with idealized mathematical function. The 
task is discussed here but from different point of view and 
with the following assumptions. 
1. The sampled mathematical function is representing 
oversimplified real signal. Not all of the basic properties of 
the real signal are respected. Especially the angles are 
considered “ideal” not “rounded” but the slew rate is 
considered always finite. 
2. The mathematical equations of the sampled mathematical 
functions are known and the parameters into these equations 
should be calculated. 
3. In order to calculate the parameters of the sampled function 
the principle “one sample per parameter” is applied. 
4. In some cases the special disposition of the samples into the 
time is required, e.g a synchronization between the sampling 
and the sampled function is necessary. Some of the generators 
are providing such synchronization. 
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II. DEFINITIONS AND THEOREMS FOR SAMPLING 
THE SIMPLEST FUNCTIONS 

Definition 1: The direct current function (DCF) (a function 
representing a horizontal line) is given with the equation 
below 

y=a           (1) 
where a is a real number. 

Theorem 1: In order to reconstruct a direct current function 
given with the equation above only one sample is needed.  

Note: The accuracy of the reconstruction depends on the 
involved into sampling process equipment and will not be 
discussed here. 

Definition 2: The linear function (LF) is given with the 
equation below 

y = at + b         (2) 
where a and b are real numbers. 

Theorem 2: In order to reconstruct a linear function given 
with the equation above (e.g. to calculate the parameters a and 
b) only two samples are needed. 

In practice often triangular functions (triangular pulses) are 
sampled and their parameters should be calculated. These 
functions are limited by three straight lines and often one of 
them is the abscise x of the coordinate system. 

Theorem 3: In order to reconstruct a triangular function 
built from the two straight lines (two linear functions) given 
below 

y1 = at+b           (3) 
y2 = ct+d     (4) 

and the abscise x of the coordinate system ( e.g. to calculate 
the parameters a, b, c and d)  four samples are needed under 
the condition that two samples are on the first edge of the 
triangular function (y1) and two samples are on the second 
edge (y2) of the  function. The position of the abscise x (e.g. 
ground or zero level) should be known. Here a, b, c and d are 
real numbers and should be calculated. 

Note: If synchronization is provided and the triangle is 
sampled in the common point of the two lines y1 and y2 only 
three samples are needed. 

Theorem 4: In order to reconstruct a trapezoidal function 
built from three straight lines and the abscise x only six 
samples are needed under the condition that: 

1. Two samples should be on the first edge of the 
trapezoidal function  

2. One sample is on the first base of the trapezoidal 
function 

3. Two samples are on the second edge of the same 
function. 

4. One sample is on the second base of the trapezoidal 
function (could be the abscise x of the coordinate system). 

Definition 3: SBLF (the simplest band limited function) is 
a function with two frequency (spectral) lines into its 
spectrum. The first is the direct current function (DCF) or zero 
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Hertz and the second is a sine or cosine function with 
frequency f.  The following two formulas are applicable to 
SBLF: 

A = Amsin (2πf + θ) + B             (5) 
or 

A = Amcosin (2πf + θ) + B    (6) 
The SBLF is the simplest test function with two lines into 

spectrum and with four parameters to reconstruct (Am, f, θ and 
B). 

Definition 4: The function sampling factor (FSF) is defined 
only for the functions which could be represented as a finite 
sum of SBLF and is given with the formula below: 

FSF = Nf = Fsampling/Fmax                  (7) 
Fsampling is the sampling frequency, 
Fmax is the maximal frequency in the presentation of the 

function (of the sine or cosine component with maximal 
frequency) 

Theorem 5: In order to reconstruct an SBLF given with the 
equations above four sample are needed and FSF N>=4 is 
required.  

Definition 5: The simplest dual tone (dual frequency) 
function (DTF) Adt could be regarded as a sum of two separate 
SBLS A1 and A2, e.g. 

Adt= A1 + A2      (8) 

Or  

Adt = Am1sin (2πf1 + θ1) + B1 + 
+ Am2sin (2πf2 + θ2) + B2       (9) 

Theorem 6: In order to reconstruct the simplest dual tone 
function Adt  given with equation above at least eight samples 
are needed. Moreover the knowledge of one of the two 
components B1 or  B2 may be necessary and the function 
sampling factor Nf for the highest frequency component 
should be at least 4. 

Definition 6: The simplest dual tone (frequency) function 
with zero offset (DTZF) Adtzf is given with the equation below: 

Adt = Am1sin (2πf1 + θ1) + Am2sin (2πf2 + θ2)   (10) 
Theorem 7: In order to reconstruct the simplest dual tone 

function (DTF) Adt  given with equation above at least six 
samples are needed. The knowledge that the two DCF 
components are zeros is essential  and the function sampling 
factor Nf for the highest frequency component should be at 
least 4. 

Theorem 8: Every mathematical function which could be 
represented with sum of k  SBLFs could be reconstructed 
with: 

1.  4*k samples where k in the number of the sine and/or 
cosine functions in the sum and 

2.  The function sampling factor Nf for each sine or cosine 
component should be at least 4. 

III.  ENGINEERING CONSIDERATIONS – SOURCES  
GENERATING FUNCTIONS WITH KNOWN FORM  

Some modern electronic sources are generating functions 
with known and almost ideal form (e.g. with amplitude 
accuracy better than +-0.1%). These functions cloud be 
sampled, the parameters could be evaluated (calculated) and 

the function could be physically reconstructed. These sources 
are: 
* functions generators (sine wave, triangular, saw tooth, etc. 
generators); 
* arbitrary function generators; 
* single phase (active) sine wave  rectifiers; 
* multiphase  (active) sine wave rectifiers; 
*some sensors, etc. 

The following applications are examples of the theory 
discussed in the paper: 
* measuring the slew rate of the electronic stage (amplifier); 
* measuring the rise and fall times of the electronic circuit; 
* testing current and voltage generators; 
* testing electronic integrators; 
* testing integrating analog to digital converters, 
* testing switching power amplifiers, 
* testing oscillators. 

The real signals generated from modern equipment could 
be used to evaluate the parameters of the following sampled 
and reconstructed mathematical functions: 
* sine function, 
* cosine function, 
* triangular function, 
* saw toots function, 
* trapezoidal function, 
* cut triangular function (pseudo trapezoidal function), 
* pseudo rectangular function (the ideal rectangular function 
is not a real function), 
* half wave positive or negative sine or cosine wave 
* two phase non filtered function, 
* triple phase non filtered function, 
* rising exponential function, 
* falling exponential function, 
* declining sine wave function, 
* rising sine wave function, etc. 

These functions could be represented with mathematical 
equations or as a finite sum of the SBLFs and the number of 
the samples in order to calculate the parameters could be 
evaluated with the methods shown above. 

In all cases there are two main parameters of the sampled 
functions which should be taken into considerations and 
which have to have finite values:: 
* the maximal slew rate; 
* the peak to peak amplitude. 

The DCF and phase components of these functions could 
have zero or non zero values and should be taken into 
consideration. 

Very often the synchronization of the sampling process with 
the sampled function is possible, eg.: 
* with the start of the function,  
* with zero crossings of the function, 
* with the maximal value, 
* with the minimal value. 

Moreover the testing equipment could generate triggering 
pulses in order to synchronize the analog to digital converter 
with the converted function. 

Applying the classical sampling theorem and the classical 
sampling theory is not the best solution with these cases. 

The main tasks are listed below: 
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* sampling the function, 
* calculating the parameters of the function from the samples 
* recalculated the samples of the function with the frequency 
of the reconstruction 
* reconstruction of the functions from the recalculated 
samples with digital to analog converter, on the electronic 
display, etc. 

The function sampling factor (the frequency) of the 
reconstruction could be different from the frequency of the 
initial sampling necessarily for the parameters calculations 

IV. FILTERS BEFORE ADC AND AFTER DAC 

The filters before the analog to digital converter (ADC) is 
not necessarily if the function source is internally band limited 
(e.g. sine wave function generator). 

The filter after digital to analog converter (DAC) is 
considered obligatory in order to convert the generated 
trapezoidal function with rounded angles into function as 
close as possible to the converted analog function applied to 
input of the ADC. 

The sampling rate of the reconstruction could be equals  or 
different to the sampled rated of the ADC. In all cases the 
function sampling factor should as greater as possible, e.g 
greater that ten, but sampling factor greater than 1000 is not 
unusual if possible. Also a very good quality electronic 
oscilloscope is needed in order to observe the parameters of 
the sampled and reconstructed functions. 
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Multiplication Products Quantization Noise Analysis for 
Orthogonal Complex IIR Digital Filters  

Zlatka Nikolova1, Diana Romanska2 

 

Abstract – In this work a technique for analysis of 
multiplication product quantization errors for digital filters with 
complex coefficients is proposed. Then it is applied on complex 
orthogonal second-order digital filter sections. A very low 
sensitivity orthogonal narrow-band band-pass (BP) filter section 
is investigated due to the quantization of the multiplications. A 
comparative study with other popular complex orthogonal 
sections shows the advantages of the examined complex filter 
circuit. It is confirmed that the low sensitivity of the structure 
additionally decreases the multiplication quantization noises. The 
developed and investigated in this paper technique is universal 
enough to be applied on higher order orthogonal complex filters. 

Keywords – complex orthogonal digital filters, sensitivity, 
quantization errors, noise analysis.  

I. INTRODUCTION 

The quantization process is considered to be the general 
source of parasitic effects for digital filters. The finite word-
length effects cause parasitic noises usually described as error 
signals.  

The quantization effects can be separated into two categories 
in respect to the required analysis techniques: 

Coefficient quantization – errors on account of representing 
filter coefficients as finite word-length fixed-point numbers. 
The filter coefficients are quantized once only and remain 
constant in the filter implementation. Coefficient quantization 
effects on filter characteristics perturb them from their ideal 
forms. If they no longer meet the specifications, the 
quantization design must be optimized by allocating more bits 
or choosing more proper filter realization. The structure of the 
digital filter has a significant effect on its sensitivity as a result 
of coefficient quantization. 

Signal quantization – errors due to the finite-precision 
arithmetic operations of addition and multiplication. The 
quantization of the products within the filter (inner products) is 
normally accepted as a random process. It can be modeled as 
producing additive white noise sources in the filter, which 
simplifies the filter analysis. 

The effect of signal quantization is to add an error or noise 
signal to the ideal output of the digital filter, which is 
compound of one or more of the following error sources: the 
quantization error of the analog-to-digital (A/D) converter at 
filter input; the errors resulting from the rounding or 
truncation of multiplication products within the filter; and 
requantization the output to the required word-length for a 
digital-to-analog (D/A) converter or another system. 

1Zlatka Nikolova is with the Dept. of Telecommunications, 
Technical University of Sofia, Bulgaria, e-mail: zvv@tu-sofia.bg 

2Diana Romanska is with the Dept. of Telecommunications, 
Technical University of Sofia, Bulgaria, e-mail: didiii_974@abv.bg 

The paper considers the noise analysis due to multiplication 
products quantization, referred also by the general term 
arithmetic errors analysis. In case of real digital filters several 
good techniques for arithmetic noise estimation have been 
proposed earlier [1-3], whereas the signal quantization noise 
theory for the complex coefficients digital filters is still not well 
developed. Small amount of publications discuss some 
particular problems [4-5], but no general technique has been 
proposed so far.  

This work suggests a new technique for multiplication pro-
ducts quantization noise analysis. It is applied to different 
orthogonal complex second-order sections. Experimentally is 
showed that the low coefficient sensitivity of the orthogonal 
complex circuit decreases the multiplication quantization 
output noises.  

II. NOISE ANALYSIS OF COMPLEX MULTIPLICATION 
PRODUCTS QUANTIZATION 

As complex digital filter networks are considered in this 
work, all their building blocks and signals are complex too. 
Multiplication products quantization has to be done as finite-
precision arithmetic is used. The quantization carried out by 
rounding generates parasitic noise signal ei(n). It is injected at a 
node after each multiplication quantization in the filter structure 
has been done and is termed as roundoff noise [1] [6].  

On condition that the signal levels throughout the filter are 
much larger than the quantization step size, the following 
assumptions can be stipulated: 

1. The error noise signal made at one sample time is 
uncorrelated with that made at any other sample, i.e. ei(n) and 
ei(k) are statistically independent for n≠k. Hence, the noise 
signal is a stationary white noise with zero mean value and the 
variance 2

eσ , which in case of fixed-point representation with 
rounding is: 

 
12

2
12

22
2

B

e

−

=
δ

=σ . (1) 

B is the word-length in bits and  is the quantization step 
size.  

δ

2. The noise source introduced in one node is uncorrelated 
with those injected in all other nodes within the filter, i.e. ei(n) 
and ej(n+k) are statistically independent of each other for any 
value of n or k (i ≠ j). This assumption leads to the conclusion 
that superposition can be employed.  

Generally, two approaches for inner products quantization 
are possible – after and before summation.  

In many hardware implementation schemes the multiplication 
operation is carried out as a multiply-add operation with the result 
m(n) stored in a double-precision register. In such cases the 
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quantization operation can be realized after all the multiply-add 
operations have been completed, reducing the number of 
quantization error sources to one for each sum of product 
operations, as it is depicted in Fig. 1a. The resulting noise ( )nγ  at 
the digital filter output will be considerably lower on account of 
using internal storage devices of double-precision.  
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Fig.1: Noise models of multiplication products quantization  
(a) after summation; (b) before summation 

More common for the fixed-point filter implementations is 
quantization operation to be performed separately for each 
multiplication product ( ) kinmi ÷=1,

( )nei

 (Fig.1b). Recall the 
assumption that error sources  are statistically independent 
of each other, then each error source develops a white noise 
( )niγ  at the output of the filter. Therefore, if the variance of the 

noise reached to the filter output as a result of each one 
multiplication quantization is calculated by itself, superposition 
holds for these noise variances, and they can be simply added. 

For a filter structure with k multipliers the total output noise 
variance due to the quantization of all k multiplication 
products will be as follows: 
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222
ImRe γγγ σ+σ=σ j  implies the nominal value of the total 

complex output variance and  is named 
the noise gain or normalized output noise variance.  

2
,

2
,

2
, ImRe nnn j γγγ σ+σ=σ

The variance of the noise sequence at the output of the filter 
results from the error signal ei(n) only, as given by [6]: 

 ( ) ( ) 2
,

21122

2
1

neiie ii
dzzzGzG

j γ
−−

γ σσ=
π

σ=σ ∫ , (3) 

where  is defined as noise transfer function (NTF), i.e. 
the transfer function from the noise source ei(n) to the filter 

output y(n). NTF is a complex transfer function and depends 
on the structure of the digital filter.  

( )zGi

The total complex output noise variance can be calculated by 
Eq.(1) to Eq.(3) providing all quantities in these formulas are 
complex. 

III. OUTPUT NOISE VARIANCE ESTIMATION FOR  
ORTHOGONAL COMPLEX SECOND-ORDER  

DIGITAL FILTER SECTIONS  

The LS2-based orthogonal complex filter section [8] is 
derived after the orthogonal form of the circuit transformation 
[7] is applied on the low-pass (LP) second-order real 
prototype. It is a narrow-band BP filter with canonical number 
of elements, realized by fixed-point arithmetic and 
demonstrates very low coefficient sensitivity [8] even in case 
of a very short word-length. 

In Fig. 2 a signal flow graph of orthogonal complex LS2 
filter due to complex multiplication product quantization is 
shown. As long as the quantized multiplication signals are 
complex, the originated noise sources ea(n) and eb(n) will  
be complex too. Hence, the complex output signal 
( ) ( ) ( )njynyny ImRe +=  will be mixed with complex output noise 
( ) ( ) ( )njnn ImRe γ+γ=γ .  
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Fig.2: Noise model of BP orthogonal complex LS2 filter section due 
to complex multiplication product quantization  

The noise model consists two noise sources thus realizing 
two complex NTF: 
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where ( ) ( ) ( )[ ] ( ) 4222 112221 −− −+−−−++= zbzbbazD . 

The nomalized complex output noise variance can be 
evaluated after the superposition is employed:  
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In order to be compared, the output noise variance for the 
DF-based orthogonal complex second-order digital filter section 
[8] is derived by analogy.  

IV. EXPERIMENTS AND DISCUSSIONS  

In [9] arithmetic noise analysis is applied for orthogonal 
complex first-order sections. It is shown experimentally that the 
low coefficient sensitivity of the orthogonal complex circuit 
accompany low output noise variance due to the multiplication 
products quantization. 

In this work second-order real and orthogonal narrow-band 
structures are investigated with respect to the roundoff errors. 
Some experimental results for the output noise variance due to 
multiplication products quantization from 3 to 8 bits referring 
to the real LP narrow-band prototype sections are shown in 
Fig. 3. 
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Fig.3: Output noise variances due to multiplication product  

quantization for LS2 and DF real sections 

It is evident that the low sensitivity LS2 section output noise 
variance is significantly lower than that of the DF-section 

when the multiplication product is rounded to 3 bits only. The 
difference decreases exponentially with increasing word-
length as numerical results in Table I show. 

Complex output noise variances of the orthogonal sections 
after rounding of the multiplications to different word-length 
are determined in addition. They are achieved for the same very 
narrow-band BP complex orthogonal filters. The exact 
numerical results are shown in Table II.  

In order to compare the obtained complex output noise 
variances, their complex modules have been graphically 
presented in Fig.4. It can be concluded that the low sensitivity 
LS2-based orthogonal complex section shows few times lower 
output noise after 3 bits multiplication signal quantization. The 
shorter word-length quantization of the inner products signifies 
lower power consumption and faster computation process. For 
low sensitivity circuits the resistance to quantization effects 
provides better signal to noise ratio, i.e. higher quality digital 
signal processing. 
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Fig.4: Output noise variances due to multiplication product 

quantization for LS2- and DF-based orthogonal sections 

Analytic sinusoidal signals were applied at the input of DF- 
and LS2-based orthogonal complex sections and the 
multiplication signals were quantized to different word-length. 
The noise signals generated due to this process has been 
filtered and the noise reaching the outputs is graphically 
depicted in Fig 5. 

In Fig.5a the real part of the complex noise reaching to the 

TABLE I 
OUTPUT NOISE VARIANCES OF  

THE REAL LP SECTIONS 
MULTIPLICATION 

PRODUCTS 
QUANTIZATION IN 

BITS DF LS2 

3 11.59193139858002 0.03982671126229 

4 2.89054662868667 0.00995321478997 

5 0.72249792141146 0.00248821008630 

6 0.18060730243049 0.00062203181678 

7 0.04515164102438 0.00015550792210 

8 0.01128790972702 0.00003887698017 

TABLE II 
COMPLEX  MODULES OF THE COMPLEX OUTPUT 

NOISE VARIANCES OF THE ORTHOGONAL COMPLEX 
SECTIONS 

MULTIPLICATION 
PRODUCTS 

QUANTIZATION IN 
BITS DF-BASED LS2-BASED  

3 1.08873247770671 0.00394689452292 

4 0.27218311942668 0.00098672363073 

5 0.06804577985667 0.00024668090768 

6 0.01701144496417 0.00006167022692 

7 0.00425286124104 0.00001541755673 

8 0.00106321531026 0.00000385438918 
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The real prototype properties are inherited by its complex 
filter counterpart with respect to the noise analysis after inner 
signal quantization. It was shown that both real and 
orthogonal complex LS2 filter sections, having very low 
coefficient sensitivity, demonstrate low output noise variance 
on account of multiplication signal quantization. The DF-
based orthogonal complex circuit shows many times higher 
output roundoff errors than LS2 section. Hence, as for 
coefficient quantization, the filter structure affects conside-
rably signal quantization noise levels. The low sensitivity of 
the complex filters in a very limited word-length environment 
makes available low computational complexity and provides 
better quality of the filtering process. 

real output is shown for both second-order orthogonal complex 
structures. The imaginary output noise signals are presented in 
Fig. 5b. Obviously the complex noise arrived at the output of 
the orthogonal circuits due to the quantization of the complex 
inner signals is considerably more for the DF-based section 
than for the LS2-based section. It is obvious that the level of the 
output noise after quantization of multiplications and the 
sensitivity of the system are directly proportional to each other. 
Therefore, very low sensitivity complex filter derivation is 
important to achieve a better noise resistance and to improve 
complex signal filtering and quality of the digital signal 
processing in general. 
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The suggested technique is general enough to be applied for 
orthogonal complex filters of higher order. The narrow-band 
complex coefficients realizations are preferred in many 
telecommunication applications and are normally 
implemented with fixed-point arithmetic which usually 
provides lower power consumption and minimum computing 
time. After relevant alterations it can be effectively applied for 
all types of signal quantization errors estimation of complex 
coefficient systems in general. 
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Investigation of the phase-voltage responses of digital 
phase detectors 

Aleksandar H. Yordanov, Georgy P. Kachakov, Georgy S. Mihov 

Abstract – The paper deals to investigate some features of 
digital phase detectors and especially the range and the linearity 
of phase-to-voltage conversion. A specific method for simulation 
of digital phase detectors is examined. The analysis is done using 
transient analysis. The investigation demonstrates the 
simulations of most used digital phase detectors in Phase and 
Frequency Locked Loops. 
 

Keywords – Digital phase detector, Simulation of phase - 
voltage response  

І. ADVANTAGES AND DISADVANTAGES OF THE 
METHOD FOR SIMULATION ANALYSIS FOR PHASE 

DETECTORS WITH LOW-PASS FILTER 

The main purpose of this paper is to investigate and 
enhance the methods for phase detectors simulation and 
particularly their conversion gain. In the previous research - 
[1] a method for simulation investigation of frequency 
sensitive digital phase detectors was presented. It was shown 
the phase-to-voltage response by using transient analysis and 
input sequences with two different frequencies. The outputs of 
the simulation give good results, which is very close to the 
mathematical expectations [2] and [3]. However there is a 
strong relation between smoothness and start and stop value of 
the conversion gain from the low-pass filter. The first order 
low-pass filter was used in the simulation of the scheme of 
common phase detector (Fig. 2) and the phase-to-voltage 
response is shown on figure 1. 

Simulation on figure 1 shows the importance of low-pass 
filtering in this method and dependence of output from 
resistor R7. First characteristic ‘vout_p1’ use R7 = 1k, second 
‘vout_p2’ - R7 = 2k and third ‘vout_p3’ - R7 = 3k. 

To achieve smoother characteristic with this method, a 
higher order low-pass filter or lower phase change step has to 
be used. This means, it will take more time to determine the 
output voltage and increase the calculation points. Lower 
phase change step can be done by using input sequences with 
lower frequency difference – for more details see [1]. 

Using this method for simulation investigation leads to 
higher resolution of analysis, which in general is positive, but 
in some cases it is pointless or impossible to achieve. If the 
common phase detector shown on figure 2 is examined, 
higher resolution does not give more information about 

conversion gain, which in this case is linear from -2π to +2π. 
However higher resolution leads to: 
- Transient analysis with very low time step; 
- More processor time and memory to calculate the 

analysis; 
- Probability of suspending the analysis because of low 

time step. 

 
Fig. 1 Transient analysis of common phase detector 

That is why, simulation investigations of phase detector 
with low-pass filter are not always practical. The phase-to-
voltage response characteristics obtained by this method, 
gives information on both phase detector and low-pass filter 
and the connection between them. If we need to examine only 
the phase detector in some cases, influence of low-pass filter 
will be undesirable. 

ІІ. METHOD FOR SIMULATION INVESTIGATION OF 
PHASE DETECTORS WITH AND WITHOUT LOW-PASS 

FILTER AND AVERAGE FUNCTION 

The conversion gain shown on fig. 1 displays the behavior 
of the phase detector. For fast reaction of the scheme, 
insufficient filtration is used, which results in high frequency 
remains in the output signal. This high frequency remains can 
be removed by applying a mathematical function “average”. 

The conversion gain of the same type phase detector is 
shown on fig. 3. The mathematical function “average” is 
applied on conversion gain from fig. 1.  
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Fig. 3 Conversion gain of common phase detector with average 

function applied 

 
Good linearity and smoothness of phase-to-voltage 

response is obtained for relatively low resolution of the input 
signal – 80 points. In this case the influence of the low-pass 
filter is extremely reduced, but it is not completely eliminated. 
This is clearly visible at the beginning of the conversion gain, 
where is a slight nonlinearity (fig. 3). This nonlinearity 
emerges because of real time delays of the filter, calculated by 
the simulator. This nonlinearity resembles the time reaction of 
the scheme, but does not exist in real conversion gain, neither 
of the phase detector nor of the low-pass filter. 

Another approach to obtain better linearity of conversion 
gain is applying the function “average” to the digital output 
signal from phase detector. By this method there is no 
influence from the low-pass filter to the phase-to-voltage 
response. 

On fig.4 is shown conversion gain by the two methods, 
with and without low-pass filter and the applied mathematical 
function “average”. 
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Fig. 2. Scheme of common phase detector

Fig. 4 Conversion gain of common phase detector with average 
function applied 

The chart marked with squares, shown on fig. 4, is the 
conversion gain of the common phase detector shown on fig. 
2, obtained by applying the “average” method upon the sum 
of both of the digital outputs of the phase detector. 

This conversion gain matches the mathematical expected 
one - [3]. The error is equivalent to one discrete of phase 
difference and it is influenced only by the deference between 
the two input frequencies and the mathematical function 
“average” applied. This method has largest diversion at the 
beginning of the computations (around -2π), because of lack 
of preliminary data. 
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Optimization of the Parameters of 
a Subwoofer with Phase-inverter 

Damyan A. Damyanov1 and Yoana O. Parvanova2 

Abstract – One of the approaches for obtaining a flat 
frequency response of a loudspeaker system is to put a phase-
inverter in the box, of the loudspeaker. Hence the expression for 
the frequency response becomes complicated and is not well 
studied in the literature. The authors have performed a 
optimization of the parameters of the subwoofer, that are 
important for obtaining a flat frequency response. The 
parameters are the coefficient of elasticity, tuning coefficient and 
the quality factor of the equivalent circuit. The most important 
achievement of this paper is the widening of the frequency range 
at low part, which is the most challenging task in designing 
loudspeaker boxes.  

Keywords - Loudspeaker, phase-inverter, maximum flat 
frequency response. 

I. INTRODUCTION 

In order to achieve high-quality of a sound rendering 
system, a loudspeaker box with low non-linear distortion 
should be designed. Among the many possibilities a 
loudspeaker with a so called sound inverter (or, as modern 
called bass reflex) offers the best sound at low cost. 

The diaphragm of the loudspeaker on its movement 
inwards to the enclosed volume causes that the air becomes 
dense, and the pressure in the volume increases. At the input 
of the port a certain amount of momentum, caused by the 
pressure in the volume, appears. It makes the amount of in the 
vent to move. The output of the of the bass reflex makes the 
air in the close space to become dense, i.e. a sound wave is 
emitted. At the next moment the diaphragm of the driver is 
moving forward and also causes that the air in front of it 
becomes dense, i.e. also emits a sound wave. If both of the 
waves, caused by the diaphragm of the driver and from the 
output of the vent, and in the same phase, the sound pressure 

  in the space in front of the box will increase, it will be 
equal to the algebraic sum of the both pressures: 
Pa

 
                                                             (1) PbPaP +=

Where 
 

Pb   -is the moment value of the sound pressure, emitted 
by the driver, and 

Pa  -  is the moment value of the sound pressure, emitted 

by the vent [1].  
 
Going that way, the vent uses the energy of the back 

sound wave in the space of the front sound wave. The vent 
turns the negative property of the diaphragm producing a back 
wave into a positive one. It does so by inverting the phase and 
summing it with the front wave. That way there’s no need of 
putting sound isolating material in the box and for extra 
amplification for obtaining high sound pressure. That’s why 
the vent box loudspeaker system is the most energy efficient 
one. A typical figure of a bass-reflex system is given at fig.1  
 

 
Fig.1 A typical figure of a bass-reflex system 

II. PROBLEMS WITH OBTAINING MAXIMUM FLAT 
FREQUENCY RESPONSE 

The full and accurate analysis of the loudspeaker system 
with a bass reflex is made based on its equivalent circuit, 
taking into account its electrical parameters and deriving the 
analytical relation for the produced sound pressure level in the 
front space. The deriving of the equation is connected with a 
lot of complicated mathematical operations. In the literature 
[1] the ready derived relation can be found: 1Damyan Damyanov is with the Faculty of Telecommunications,
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)(* 1 fk Η=Η                        (2) 

where k is a constant. 
The term )(1 fΗ  is the frequency dependent one. It 

looks as follows  
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where the A’terms are defined as follows: 
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4 hA =                     (7) 
and the x is the normalized frequency about , which is 

the resonance frequency of the loudspeaker itself.  
pf

 
 

pf
fx =                                (8) 

TQ  is the quality factor of the equivalent circuit α  
Is the so called coefficient of elasticity, which shows how 
many times the volume of the box is bigger than the 
equivalent volume of the driver  

                                          
driver

box

V
V

=α                         (9) 

where is the volume of the loudspeaker box, and 

is the equivalent volume of the driver. The last 

coefficient is the so called tuning coefficient, that shows 
how many times the resonance frequency of the vent is bigger 
than that of the loudspeaker box: 

boxV

h
driverV

 

p

v

f
fh = ,                      (10) 

where is the resonance frequency of the vent, and the 

is the one of the loudspeaker box. 
vf

pf
When optimizing the coefficients, most of the authors 

propose that the first three coefficients should be equaled to 
zero, because it’s impossible to have all of the A’terms zero 
[1][2] . This approach gives a good approximation of the 
parameters for home and semi-professional applications. The 
loudspeaker system is always the component with the worse 
quality of the whole sound immersing system. That’s why it’s 
necessary to derive more accurate optimization of the 
coefficients of the frequency response, in order to become as 
flat one as possible [2].  

III. PROPOSED OPTIMIZING OF THE COEFFICIENTS 
OF THE VENT BOX 

     The problem, which was solved in this paper, is defined as 
follows – Maximize the energy of the eta-funtcion, i.e.  
minimize the energy of the function  
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Af ++++=Η        (11) 

by optimizing the coefficients α ,  and .  h TQ
The resonance frequency of the driver is set to be 40 Hz, 

as this value is very common in practice [1]. The equivalent 
Volume of the loudspeaker is not more than . The 
driver can be put alone in the loudspeaker box, or with 
combination with speakers for the mid- and high-frequency 
range.  

340 V

For implementation sake the values of the three parameters 
are constrained as follows:  
 

- one can not use as big α  as wanted, because the 
volume of the box will become enormous big and not suitable 
for transportation and very hard to integrate in rooms with low 
or middle volume [3]. 

-  as for the coefficient h , the size of the vent, which is in 
linear connection with  the resonance frequency of the vent, 
also cannot be so small or big, as some of the non-constrained 
optimizations propose, that’s why it should be limited [3]. 

- the quality factor is one of the more difficult to change 
in the design of the loudspeaker system, especially it’s very 
hard to get it more than 0.6, that’s why it’s limited to that 
value [4]. 

The Optimization toolbox of Matlab was used. The 
function for optimization is fminimax, i.e. the desired values 
of the coefficients are derived by solving the minimax 
problem [5]. The maximum function evaluations for every 
iteration were 1000, and the maximum iterations themselves 
were also 1000. The error tolerance of the optimization was 
set to be 1e-003.  

The frequency range of the optimization was from x=[0.4  
8], this means for liner frequency f=10:320 Hz. 

 
TABLE I 

RANGE OF THE  PARAMETERS TO BE OPIMIZED 

α  1-12, 
h  0.04-1.8  

TQ  0.01-0.6  

 
 
The reasons for the constrains are:   

Each of these ranges was divided in 288 steps, and each of the 
whole 23887872 sets of parameters was given to fminimax as 
initial set of parameters. The output range of parameters was 
constrained as the input one.  The most important linear 
constraint that was set is that the eta-function should be in the 
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range from 1 to 0.707, i.e. the maximum allowable frequency 
distortion is 3 dB.  

The optimization was performed on 4 computers with the 
following configuration: 

TABLE II 
COMPUTER CONFIGURATION 

CPU Intel Pentium 4 2.8 GHz 
DDR RAM 512 MB 
OS WINDOWS XP SP 2 

 
The optimization was performed parallel on the four 

computers for 48 hours.  
The algorithm of the optimization is defined as follows: 

1. Set the ranges forα , h , TQ . 
2. Set three nested in each other loops, one for 

α , h , TQ  respectively. 
3. For each combination of the three parameters to 

be optimized call the function fminimax. 
4. The goal function if fminimax is does the 

following: 
a. Evaluates the frequency response of the 

loudspeaker with the current set of 
coefficients. 

b. Evaluates the inverse of the energy of 
the frequency response and returns the 
result. 

5. Fminimax then minimizes the inverse of the 
energy of the frequency response with respect to 
the given constraints, which are as follows: 

a. The evaluated normalized frequency 
response should be not less that 0.707 
in the frequency range from 40 to 320 
Hz. 

b. The evaluated normalized frequency 
response should be not more than 1 in 
the frequency range from 40 to 320 Hz 
/taking into account the loudspeaker is     
a passive system/. 

6. After the performed optimization of all of the 
sets of coefficients, take these ones, which have 
no violation of the constraints. 

7. From the latter sets of coefficients take this one, 
which provides the widest range of the 
frequency response at level -3 dB.    

IV. ANALYSIS OF THE RESULTS 

The optimized coefficients, as well as the two sets of 
coefficients, that are proposed in the literature, are given in 
table three [1] [4] : 

TABLE III 
SETS OF COEFFICIENTS 

Optimized 
coefficients 

364.0,744.0,1 === TQhα

Proposed in 
literature 1 

383.0,1,414.1 === TQhα  

Proposed in 
literature 2 

3.0,26.1,02.3 === TQhα  

 
To get a better impression of what these coefficients 

really mean, the following two figures are drawn. 
 

One of the most important parameters (if not the most 
important one) is the frequency, at which the system begins to 
render sounds properly [2].On it’s base the important 
parameters and   are defined. These are the 
frequencies, at which the magnitude falls with 3 and, 
respectively 6 dB from the magnitude of the resonance 
frequency.  This means that the parameters for low 
frequencies are the most important ones.  

3f 6f

All of the efforts in the design of loudspeaker systems are 
made in the low-frequency range, for there are no challenging 
problems with design at the high frequency range. As is it 
well can be seen from fig.2 the optimized approach manages 
to widen the frequency range for low frequencies. The 
proposed sets of coefficients begin proper rendering at x = 
0.85 and x = 1.175 respectively, while the optimized approach 
sets the low cutoff frequency at x = 0.65. 

This becomes obvious also from fig.3. The conclusion 
can be made, that this widening of the frequency range can be 
derived by the optimization, made in this article, and it has no 
other negative effects on the other parameters or the practical 
implementation of the design.  The ripple for the approach, 
proposed by the authors of this paper, is 1 dB, and the ripple 
for the proposed designs in the literature is 0.1 dB [4]. This, 
thought, is not a problem, because the human auditory system 
can not respond to distortion of 1 dB, or less [3].  
 

 
Fig.2.Amplitude frequency response – solid blue – optimized 

coefficients, dashed brown line – first set proposed in 
literature [1], dashed-dotted black line – second set proposed 

in literature [4]. 
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Fig.3. Amplitude frequency response – solid blue– optimized 
coefficients, dashed brown line – first set proposed in 

literature[1], dashed-dotted black line – second set proposed 
in literature [4]. 

V. CONCLUSION 

The authors have revisited one of approaches for 
obtaining a flat frequency response of a loudspeaker system. 
This was the so called vented box .The expression for the 
frequency response is a very complicated one and is not well 

studied in the literature. The authors have performed an 
optimization of the parameters of the subwoofer - coefficient 
of elasticity, tuning coefficient and the quality factor of the 
equivalent circuit. The most important achievement of this 
paper is the widening of the frequency range at low part, 
which is the most challenging task in designing loudspeaker 
boxes.  

In their future work, the authors have the goal to optimize 
the coefficients of other drivers in vent boxes, using other 
methods, and widen the frequency range for low frequencies. 
The further work includes also optimizing parameters for 
other loudspeaker systems, not only vent boxes. 
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LR-n Models for Voice Coil of the Loudspeaker 
Part I: Small Signal Analysis  

Ekaterinoslav S. Sirakov1 

Abstract –This paper presents LR-n models for voice coil of the 
electrodynamics direct radiating  loudspeaker. The results from 
the measured impedance response (magnitude and phase curve, 
nyquist plot) of a loudspeaker and the math expressions which 
describe the equivalent circuits are shown graphically. 

 
Keywords – Loudspeaker, voice coil, equivalent circuit, LR-n 

model, frequency responses of the electrical impedance (magni-
tude and phase) measured.  

I. INTRODUCTION  

The conversion from electronic signals to sound is the task 
of the loudspeaker. The electrodynamic loudspeaker is an 
electroacoustic transducer widely used in many application 
areas as audio reproduction, communication equipment and 
others systems. For performance of a loudspeaker precisely, 
must an exploration of the electrical input impedance at higher 
frequencies area. 

II. ELECTRICAL ANALOGOUS CIRCUIT OF 
LOUDSPEAKER AND LOUDSPEAKER SYSTEMS 

The math expression, Eq. (1), which describes the input 
impedance, includes the sum of the voice coil electrical 
impedance eee LiRZ ..ω+=

внZ
, the impedance introduced by 

the mechanical system  [1] and the acoustic volume  
(Figs. 1 and 2). 
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The elements of Fig.1 are Thiele and Small parameters [5], 

[9].  
Fig. 2 is an analogous circuit of Fig.1 with all mechanical 

and acoustical elements transformed to the electrical part.  
Fig. 3 is an analogous circuit of Fig.1 with all mechanical 

and electrical elements transformed to the acoustical part [1]. 
The elements of Figs. 2 and 3 are defined by the Thiele and 
Small parameters [1]. 
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Fig.1. General electro-mechanic-acoustical equivalent circuit 
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Fig.2. Classic electrical equivalent circuit diagram 
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Fig.3. Classic acoustical equivalent circuit diagram 

III. MODELS FOR ELECTRICAL IMPEDANCE  

Even the most precisely values of  lead to comparatively 
great differences in comparison to the ones declared by the 
producer, or with our results from the investigations of the 
impedance. 

eL

Reasons can be found in [3]: 
1. The equivalent circuit diagram is not completely precise; 
2. The sound range is comparatively wide, from 20 Hz to 20 
kHz; differences get higher especially within the high 
frequency area; 
3. The pole linings are made of steel, where steel causes 
Faucault currents losses; 
4. The voice coil is made of a solid wire, causing the skin 
effect; and 
5. Presence of local resonances, not definitely expressed. 

A. Leach model 

M. Leach [5], [7] proposed a function of the complex 
frequency ϖ.j  on exponent  as an approximation for n

).( ϖjZ
eL . 

( )n
eL jLjZ

e
ϖϖ ..).( = ; f..2 πϖ = ,          (2) 12,0 ≤≤ n

B. LR-2 (shunted inductance) Model 

This model uses a series inductance connected to a 

second inductance  shunted by resistance , see fig. 4 
[6]. 

eL

2L 2R

2R

2L

eLeR

 
Fig. 4. LR-2 Model 

 
( ) (

C. Wright model 

J. Wright [2], [6] proposed a model using separate weighted 
power functions in ϖ  for both the real and imaginary part of 
impedance. 

            ( )Exm
xm

Erm
rmL KjKjZ

e
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D. Effective Inductance Model 

)( fReff )( fLeff

 

Fig. 5. Effective Inductance Model 
 

)(..)().( fLjfRjZ effeffLe
ϖϖ +=         (5) 

 
M. Leach also proposed normalising the imaginary part of 

the electrical impedance ).( ϖjZ
eL to the frequency ϖ.j  and 

introducing of an effective inductance  which varies 

with frequency [6]. The real part of 

)( fLeff

).( ϖj
eLZ  also has to be 

considered as a frequency dependent; resistance  
describing the losses as shown in Fig. 5. There are a number 
of parameters since this model. This model requires two 
parameters for each frequency point (real and imaginary). The 
parameters are easy to interpret and convenient for graphical 
representation. 

)f(Reff

IV. LR-N МODEL OF VOICE COIL 

Loudspeaker producers provide a typical, measured 
impedance response to frequency. 

To measure the impedance response [11], it is convenient to 
use some special software: Audio Tester [12], Loudspeaker 
Lab [13], Speaker Workshop Loudspeaker Design [14] 
MLSSA [15], or any other applicable. 

PC assistance in electrical and acoustical measurements 
provides many advantages for the purposes of analyzing and 
processing the results.  

The voice coil inductance is presented as n LR elements, 
Fig. 8. 

Based on the measured electrical impedance (magnitude 
and phase curves, nyquist plot), it is possible to define the 
values of the LR-n elements from the equivalent electrical 
circuit for a loudspeaker.  

Some requirements [3], [4] be defined for the values of 
elements and . Increasing the number of the LR 
elements leads to expanding the band of coincidence of the 
measurements and the model. In practice, comparatively good 
results, depending on the loudspeaker type, can be obtained 
with 3÷7 LR elements 

nL0 nR0

)2222 .......).( LjRLjRLjjZ eLe
ϖϖϖϖ ++=       (3) 
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Fig. 6. Typical measured responses impedance (magnitude and 
phase) of electro-dynamical loudspeaker 30W-75-Dynaudio, 
measurement date file, see Table I 
 

 
 
Fig. 7. Complex impedance curve (nyquist plot) based on measured 
magnitude and phase 
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Fig. 8. Classic electrical equivalent circuit diagram and LR-n model 

of voice coil 
 

TABLE I  
MEASUREMENT DATA (typical points)  

 

№ Frequency, Hz Magnitude, Ω Phase, Deg  
1 10.00   8.65  33.74 
.. .. …. .. … .. … 
6 14.14 12.67  41.93  
.. .. …. .. …. .. …. 

11 20.00 27.51  -1.18 
.. .. …. .. …. .. …. 

15 26.39 14.82 -41.56 
.. .. …. .. …. .. …. 

36 105.56 5.88 -5.19 
.. .. …. .. …. .. …. 

38 139.29 5.91 -0.35 
.. .. …. .. …. .. …. 

59 597.14 7.87 25.80 
.. .. …. .. …. .. …. 

62 735.17 8.61 23.78 
63 787.93 8.41 23.42 
64 844.48 8.39 25.24 
.. .. …. .. …. .. …. 

82 2940.67 14.72 41.44 
.. .. …. .. …. .. …. 

99 10000.00 27.71 49.74 
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V. CONCLUSION  

    

The results from the measured impedance response to 
frequency of an electro-dynamical loudspeaker are shown 
graphically (Figs. 6 and 7) and in a Table I.  

Values of the response measured can easily be used for 
analysis (Fig. 6). and comparison with math expressions 
describing the impedance (Fig. 9). 

The criterion selected to prove validity of the model by 
Mark Dodd [6], Wolfgang Klippel [8], Marshall Leach [5], [7] 
and the author in his first publications [3], [4] on this subject 
is not sufficient (Fig. 9). 

The complex impedance curve (Nyquist plot) is modeled 
based on the calculated real and imaginary parts of the 
impedance from the measured responses for the magnitude 
and phase of an electrodynamics loudspeaker (Fig. 7). 

The complex impedance curve is a necessary and sufficient 
criterion to compare theoretical and experimental results (Fig. 
10); the ideas offered for a voice coil LR-n model (Fig. 8) 
being confirmed. 
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Joint Source-Channel CELP Coding 
Snejana G. Pleshkova-Bekiarska1  

Abstract – The method of speech coding CELP is extensive 
used in many voice communications, multimedia, video 
conference and other systems. There are a lot of articles related 
to CELP coding characteristics improvement and as a final 
result to realize more speech quality after decoding. Also most of 
the articles are directed to lower the rate of CELP coded speech 
transmission. One problem related to low rate CELP speech 
transmission with a good speech decode quality is noise in the 
channel for transmission. The goal of this article is to combine 
the advantages and the possibilities of CELP speech coding to 
reduce the rate of transmission and the methods of channel 
coding to protect the most important CELP coding parameters 
in each speech frame such as line prediction coefficients, 
excitation indexes etc.   
 

Keywords – Source-channel Coding, CELP Coding, Speech 
coding, Speech Processing  

I. INTRODUCTION 

The Shannon communications coding theory is based to the 
assumption of separately and sequentially source coding 
(compression) and channel coding (error protection) [1]. This 
is true only in the case of asymptotically long block lengths of 
data. In many practical applications, such a speech coding and 
especially in CELP coding [2,4] this condition is not satisfied 
perfectly. Thus, it is the goal of this article to propose a joint 
source-channel CELP coding method.  Also, to it is interesting 
to study the proposed method and to show the effectiveness 
from the combination of the advantages of transmission rate 
reduction with CELP speech source coding and the error 
protection with channel coding of the CELP coded 
parameters.  

The reason for the joint source-channel CELP coding is the 
presence of inter and intra-frame redundancy in the CELP 
coded and quantified parameters. Also it is known, that the 
importance of each of these parameters for the quality of the 
decoded speech is different. This fact can be exploited to 
achieve an additional effectiveness in the joint source-channel 
CELP coding. The theory of joint source-channel is based of 
the proposition to design jointly the source and channel 
coding operation. This means the channel coding, which is 
mainly used for error protection work not independently from 
the source coding for speech in CELP method – the statistic 
characteristics of CELP coded and quantified parameters 
representation for each CELP speech coded frame. 

 
 
 

II. THE JOINT SOURCE-CHANNEL CELP MODEL 

The proposed model for joint source-channel CELP coding 
is shown as a sequence of block in Fig.1. The speech signal 
source is considered as a sequence of frames, each with 30 ms 
duration (240 samples for 8 kHz sample frequency).  

 
Speech Signal 

Source 

CELP Source Coder  
 
Joint 
Source 
Channel 
Coding 

Channel Coder for Error Protection  

10 LSP
34 bits 
(3444433333) 

Stochastic 
index and gain 
48 bits  
(8+6+8+6)+ 
(5x4) bits

Adaptive 
index and gain 
56 bits  
(9x4)+(5x4) bits 

Transmission Media 
(Modulation)  

Transmission Channel with chosen 
Noise Characteristics 

Channel Decoder for Error Correction 

10 LSP
34 bits 
(3444433333) 

Stochastic
index and gain 
48 bits  
(8+6+8+6)+ 
(5x4) bits

Adaptive 
index and gain 
56 bits  
(9x4)+(5x4) bits 

 
Joint 
Source 
Channel 
Decoding 

CELP  Source Decoder  

Decoded Speech Signal 

Speech Quality Estimation 

Fig.1. 

After block of CELP Source Coder are presented the CELP 
coded parameters for one frame: 10 LSP – Line Spectral 
Pairs; Stochastic code book index, Stochastic code book index 
and gain; Adaptive code book index and gain. More detailed 
explanation of these parameters and their bits allocation is 
shown on the Table 1. Next is the Channel Coder for Error 

1Snejana G. Pleshkova is with the Faculty of Telecommu-
nications, bul.Kl. Ohridski 8, Sofia, Bulgaria, E-mail: snegpl@tu-
sofia.bg  
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Protection, which can be made to work independently or joint 
with the CELP Source Coder. The coded information is input 
to Transmission media with a chosen type of modulation. The 
transmission channel depending from the type of modulation, 
but also it is necessary to choose a type of Noise 
Characteristics in the channel of transmission. 

TABLE I 
 

 LSP Stochastic Adaptive 
Update 

time 
30 ms 

(240 samples) 
30/4=7,5 ms 
(60 samples) 

30/4=7,5 ms 
(60 samples) 

Bit per 
frame 

34 bits 
[3444433333] 

Index:8+6+8+6 
Gain: 5x4 

Index: 9x4 
Gain: 5x4 

 
In the Receiving Media the received signal is demodulated 

and then it is put to the Channel Decoder. At the output of the 
Channel Decoder are the decoded CELP parameters. They are 
used in CELP Source decoder to restore finally the speech 
decodes signal. In the Fig.1 is added also a block for Speech 
Quality Estimation. This can be use for comparatively 
evaluation of speech quality with and without joint source-
channel CELP coding. 

III. JOINT CHANNEL CODING OF CELP 
PARAMETERS 

The assumption, that CELP coded parameters are 
redundant, gives the reason to propose a joint source-channel 
coding of these parameters both, for to error protection and for 
using in this channel coding their redundancy to improve the 
effectiveness jointly from the source and channel CELP 
coding. 

It is chosen to use a common applied in channel coding 
family of so called rate compatible punctured convolution 
codes (RCPC) [3]. With these codes is possible to achieve 
higher rate  toward the conventional code with rate      

, where k and n are the number of input and output 
bits, respectively. These codes can be performed easy from 
the basic a puncturing matrix. The basic convolution code is 
periodically performing with this matrix. For example to 
produce a punctured convolution code with rate 

nkR /=

)

  
nR /1=

( δ+= PPR /
nR /1=

 and period P from a basic code with rate 
 it is used a punctured matrix ( )δA  with dimension 

  and   ( )Pxn ( )[ ]Pn 1−,1∈δ . For n  basic code have a 
rate  and for a period 

2=
42/1=R =P  are possible four 

different code rates  or  and the 
punctured matrix is: 

7/4,6/4,5/4=R 8/4

   (1) ( ) ⎥
⎦

⎤
⎢
⎣

⎡
=

11
01

22xA δ

For the basic code with length 3 the generator matrix 
is: 

 .  (2) ( ) [ 22 1,1 DDDDG +++=

    With (1) and (2) can be performed a resulting code with 
rate 3/2=R  and with a generator matrix:  

 .  (3) ( ) ⎥
⎦

⎤
⎢
⎣

⎡
+

++
=

DD
DD

DG
10
111

    The corresponding trellis for this punctured convolution 
code is shown in Fig.2 for period 2=P , output bits X0, X1 
and “X”,  witch means punctured bits. 
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10 
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00 

                             01                                 X1 

00 

01 

11 

10 
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X1 

X0 

X1 

X0 

X1 

X0 

Fig.2. 

   More generally for basic code with rate  and period 
P the punctured matrix is: 

nR /1=

 ( )

( ) (

( ) ( )⎥
⎥
⎥
⎥
⎥

⎦

⎤

⎢
⎢
⎢
⎢
⎢

⎣

⎡

=

δδ

δδ

δ

pn

p

aa

aa

A

11

111

...
.
.

... )

,  (4) 

where 

 { }( ) { } ( )PnPjniaij 11and,1,1,1,0 2 −≤≤≤≤≤≤∈ δδ .  (5) 

   The advantages of punctured convolution codes are less 
complexity in relation to non-punctured codes and this is 
reason for choosing them in the proposition to investigate the 
joint source-channel CELP coding in this article.    

    The start point for channel coding in Fig.1 is after CELP 
source coding, when are calculated each frame the CELP 
coding parameters: 10 LPS, 4 pitch gains, 4 pitch delays, 4 
codebook gains and 4 codebook indices.  

    There are some different possibilities to perform channel 
coding: 

- without using the channel coding; 

- independent channel coding from the source CELP 
coding; 

- joint source – channel coding equal for all CELP 
coding parameters; 

- joint source – channel coding unequal or partial for 
some of CELP coding parameters, towards their 
importance for the quality of the CELP decoded 
speech. ]
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   Also it is necessary to decide what type or model of channel 
noise to use CELP coded parameters are affected from the 
chosen channel noise. 

   All of these mentioned conditions and possibilities can be 
modeled and tested and some of them are presented shortly in 
this article and especially the decoding process from which is 
depending mainly the quality of the decoded speech. 

IV. CELP PARAMETERS DECODING 

    CELP parameters are sending over a memory less channel. 
In the receiver the channel decoding of CELP parameters is 
based the Viterbi algorithm, which chooses the received code 
sequence: 

 ,   (6) ⎟
⎠
⎞

⎜
⎝
⎛= k

k xxxx ˆ,...,ˆ,ˆˆ 21

that minimizing 

 ( ) ( )k
r

kk
r xPxyP ˆˆ ,  (7) 

where 

    is the received sequence of length K, 

equal to the number of transmitted CELP parameters. 

⎟
⎠
⎞

⎜
⎝
⎛= k

k yyyy ,...,, 21

   For applying of these equations (5) and (6) it is necessary to 
define or choose the type of modulation used in transmitter 
and also the model of the channel noise. Here it is proposed to 
apply BPSK modulation with AWGN and fully interleaved 
Raleigh Fading channels and with noise variance   . For 
this case the minimization of: 
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where 

    is the sequence of  Raleigh Fading coefficients, which 
are assumed to be available at the decoder. If the channel is 
chosen as AWGN, then  is the all-one vector for all k;  

ka

ka

   ( )k
r uP ˆ  - Markov model of CELP parameters; 

    - presentation of CELP parameters as random process. kû

   There are some different possibilities to represent CELP 
parameters as Markov model of chosen order: first, second 
etc. Usually it is chosen the first-order or second-order 
Markov model and each i-th CELP parameter are described as 
a { }jiU ,  random process, where j is the current frame number 
from the sequence of frames, defined in speech signal. If the 
number of CELP parameters in a frame are “l”, then 

{ }jkjjj UUUU ,,2,1 ,...,,=   (9)  

is the random representation of CELP parameters in j-th 
frame.  

   The first-order or second-order Markov models of the CELP 
parameters as random process { }jiU ,  can be used for 
estimation of their entropy rate and redundancy define and 
minimize the probability from the equation (6). This equation 
is related to the first-order Markov model chosen for the 
transmitting CELP parameters: 

 ( ) ( jjrjjjjr uUPuUuUuUP ===== −− 1111 ,...,, )  (10) 

and 

 ( )==== −− jjjijijijir uUuUuUP ,1,1,1,1,, ,...,    

 ( ) ( ) ( )jiji
i

Fjjijijir uuPuUuUP ,1,1,1,, , −−− ==== ,  (11) 

for 

    li ,...,2,1=  and ,...,2,1=j  

where 

   ( )i
FP  is the probability, defined for first Markov model. 

    The second-order model also can be described and the 
advantage of this model is the possibility to use not only the 
intra-frame, but also the inter-frame redundancy:   

( )==== −− 11,11,, ,...,, uUuUuUP jjjijir  

 === −− jijiji ujUu ,1,1, ,,...,  

( ) ===== −−−− 1,1,,11,, , jijijjijijir uUuUuUP  

 ( ) ( )1,,1, , −−= jijiji
i

S uuuP ,  (12) 

 

for 

    li ,...,2,1=  and ,...;2,1=j  

where 

   ( )i
SP  is the probability, defined for second-order model. 
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V. THE SIMULATION OF JOINT SOURCE-CHANNEL 
CELP CODING 
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   The proposed method of joint source-channel CELP 
parameters coding is simulation as a Matlab Simulink model, 
presented in Fig.3. 

 

Fig.3. 

    The CELP parameters are coded using a Matlab program, 
which work in two modes: with and without joint source-
channel coding. From Matlab workspace these calculation and 
coded CELP parameters are input in the Simulink model 
shown in Fig.3. It is chosen for transmission, as it is 
mentioned above, ordinary digital communication system with 
BPSR modulation and demodulation and with a channel 
AWGN model. There is shown also in Fig.3 the block for 
Error rate calculation and estimation. The received and 
decoded CELP parameters are returned back to Matlab 
workspace, where they are used a program for speech quality 
estimation comparing CELP decoded speech with and without 
joint source-channel coding and the speech signal before 
CELP coding. Some of the results for male and female speech 
testing signals and for different SNR  are shown in the 

Table II in percentage for perfect quality (without listening 
quality degradation) and for some quality losses. 

0/ NEb

    TABLE II    
 

SNR ( ) 0/ NEb Coding method Relative 
quality 

-2 dB Without joint 
coding 

96% 

1 dB Without joint 
coding 

84 % 

-2 dB With joint coding 88 % 

1 dB With joint coding 97 % 

VI. CONCLUSION 

   The results in the Table II shown and improvement of 
decoded speech quality when it is used the proposed joint 
source-channel CELP coding in the cases with a larger SNR 
values. The briefly presented results show only a little part of 
the experimental studies, which are made to investigate all 
properties of the proposed joint source-channel CELP coding 
for speech signal. Of course it is necessary to continue in 
some future works these testing procedures in the direction of 
subjective evaluation of the joint source-channel CELP speech 
coding quality in comparison with traditional CELP coding 
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MRI Enhancement on the Base of Morphological 
Processing  

Veska M. Georgieva1   , Andriana S. Genova2  

 
Abstract – In the paper is presented an approach for magnetic 

resonance imaging (MRI) Enhancement. It consists of the 
following basic stagеs for image processing: changing the 
brightness of the image by equalization of the global histogram, 
selecting of the region of interest (ROI) and morphological 
processing of the selected ROI. Some results of the experiments 
are presented, which are made by computer simulation in 
MATLAB Environment. 
 

Keywords – MRI Enhancement, equalization of histogram, 
region of interest, morphological processing, computer 
simulation. 

I. INTRODUCTION 

Image enhancement is one of the categories of image 
processing, attempts to make diagnostic more obvious. The 
purpose of this paper is to demonstrate some techniques that 
enhance the appearance of MR Images, including the 
nonlinear morphological filtering of single images to reduce 
noise and to solve complex problems with shape and contours 
of objects [1]. 

In this work are presented algorithms for increasing the 
image contrast by histogram equalization, selecting regions of 
interest and morphological filtering by means of three 
different morphological operators [2]. It’s described an   idea 
of using MATLAB environment, real digital MR images and 
evaluation of experimental data and results. On the base of 
mathematical morphology and its fundamental operations – 
dilation and erosion are constructed functions and algorithms 
increasing MR Image quality [3]. By properly choosing of 
opening filtration, top & bottom hat filtration, motion blur 
filtration and different forms of structuring element, we 
eliminate local structures or modify local geometry of the 
image [4],[5],[6].  

The aim of algorithms, based on morphological operators, 
is a noise suppression and detail preservation abilities of the 
selected regions of interest (ROI) of MR image. In the paper 
are analyzed some quantitative estimation parameters: Signal 
to noise ratio in the noised image ( ), Signal to noise 
ratio in the filtered image ( ), Effectiveness of filtration 
( ), Peak signal to noise ratio (PSNR).  
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II. BASIC STAGES IN MRI - PROCESSING 

Image enhancement techniques are applied to digital 
grayscale MR images of the head and stomach that exhibited 
diverse pathology. MRI processing consists of three different 
morphological methods, comparison between different types 
of filtration and generalization of the experiments and results. 
In this paper are presented three stages of the algorithm, used 
to improve image quality. 
 

The first step in MRI processing is increasing the contrast. 
For that step is necessary to increase the brightness of the 
image by equalization of its histogram. This is performed with 
the next sequence: 

• Input of the MR image; 
• Decomposition of the original image in YUV 

components; 
• Estimation of  Y component histogram;  
• Equalization of  Y component global histogram;  
• Displaying the results on the screen and writing 

the processing image in a proper file format. 
 

The use of histogram equalization is applied to images in 
order   to   increase the grey level contrast between pixels. 

The second step is to define a ROI (region of interest) from 
MR image. It can be selected in interactive procedure from the 
operator. The result of ROI image is written in a file format 
that can be used in the morphological processing. 

Step three includes morphological opening of the image, 
combination of top hat and bottom hat morphological 
filtration and a motion blur method. In this paper is made a 
comparison between the different types of filtration on the 
base of the experimental results.  

The first processing method is morphological opening that 
can be used to remove small objects from the image while 
preserving the shapes and size of larger objects in the image 
[7]. To morphologically open the MR image, are performed 
following steps: 

• Reading  the ROI image and displaying it; 
• Creating a disk-shaped structuring element with 

a radius of 5 pixels; 
• Removing small objects having a radius less 

than 5 pixels by opening it with the disk-shaped 
structuring element created in previous step. 

The second morphological method combines top hat and 
bottom hat filtering, which are used together to enhance 
contrast in the image. This method extracts the original image 
from the morphologically closed version of the image. It is 
used to find intensity troughs in an image. This algorithm 
includes following steps: 

558 



 

• Reading  the ROI image and displaying it; 
• Creating a disk-shaped structuring element, 

needed for morphological processing; 
• Adding the original image to the top-hat filtered 

image, and then subtracting the bottom-hat 
filtered image. 

The third method - motion blur filtering includes the 
following steps: 

• Reading  the ROI image and displaying it; 
• Creating a 2D filter, that becomes a vector for 

horizontal and vertical motions; 
• Displaying the result of filtration. 

On the base of applied algorithms to selected ROI images, 
which were already density increased by equalization of 
global histogram, are presented parameters that measure the 
effect of introduced techniques. These characteristics are 
PSNR - peak signal - to - noise ratio and EFF - effectiveness. 
In this work are used ten different MR images, which are 
processed consequently by histogram equalization, opening 
filtration, top & bottom hat filtration and motion blur 
filtration. The results of using of these methods are presented 
in tables and diagrams. 

Morphological operators are compared together and one of 
them is estimated as a most effective method.The following 
quantitative estimations can be used [8]: 

• Signal to noise ratio in the noised image Y  
[dB], given in Eq. 1: 
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where is a pixel from the original image; is a 
pixel from the filtrated image; is a pixel from the 
noised image. 
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• Signal to noise ratio in the filtered image F  
[dB], given in Eq. 2: 
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• Effectiveness of filtration FFE [dB], given in 
Eq. 3: 

FyFF SNRSNRE −=    (3) 

• Peak signal to noise ratio (PSNR) in [dB], given 
in Eq. 4: 
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where MAXI is the maximum pixel value of the image, MSE - 
mean square error. 
 

III. EXPERIMENTAL RESULTS 

The formulated stages of processing are presented by 
computer simulation in MATLAB, version 7.2 environment 
by using the IMAGE PROCESSING TOOLBOX. 

In analysis are used 10 grayscale MR images with different 
sizes. The original images are in different file formats: jpeg, 
bmp, but all of them are converted into bmp.  

On the base of computer simulation are realized the stages 
of proposed algorithms: increasing the contrast of the image 
by equalization of its global histogram, selection of ROI 
images, morphological filtration. Their combination with top 
hat & bottom hat filtering gives the best result in image 
enhancement. The results of these methods are presented in 
Table 1. The graphical presentation of the results for the 
investigated image and empiric data are given in Figs.1, 2, 3 
and 4. On Fig. 5 are illustrated original MR image and 
brightness increased image with selected ROI. Fig. 6 presents 
original and selected ROI image that is filtered by means of 
three morphological methods. It is shown the visible 
difference between the original image and top & and bottom 
hat filtered image, which is a result of the most effective 
morphological method.  

 
 

TABLE I 
EXPERIMENTAL RESULTS FROM SIMULATION /AVERAGE VALUES OF 

PARAMETERS / 
 

 
 
 
 

 
 
 

Fig. 1   Diagram of EFF   for three different types of filtration. 
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Fig. 2   Diagram of   PSNR   for three different types of filtration. 
 

 
 

 
 
 

Fig. 3   Diagram of   SNRf   for three different types of filtration. 
 

 
 

 
 
 

Fig. 4   Diagram of   SNRy   for three different types of filtration. 
 

         
a) b) 

 
Fig. 5 The original and the brightness increased images with 

selected ROI: 
a) original image; b) brightness increased images with selected ROI 

. 
 

 

    
a)             b) 

  
 

      
c)                                                     d) 

 
Fig.6.   The original and processed selected ROI images by three 

different types of filtering: 
a) original image; b) top&bottom hat filtered image; c) opening 

filtered image; d) motion blurred   image 

IV. CONCLUSION 

In this paper is illustrated a post – processing of MR images 
that combines different techniques of image enhancement. 
The complex processing has an effect of contrast 
enhancement and contours determination for selected ROI of 
different parts of diagnostic MRI. On the base of 
mathematical morphology, are created algorithms for 
selecting a ROI and denoising of different parts of MR 
images. The evaluation of   presented parameters helps to 
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define  priorities of  opening, closing, top & bottom hat 
filtering, motion blur method and to choose a most effective 
method that attempts to make diagnostic more obvious. 
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Camera Calibration for Mechatronic Measurement 
Aca D. Micic, Biljana R. Djordjevic2 

 
Abstract – Mechatronics measurement and process control 

with use image processing often require predicted camera 
charateristics. In this paper diferent techniques for camera 
calibration are presented and investigated in sense mechatronic 
propose. 

 
Keywords - Camera Calibration, Image Processing 

I. INTRODUCTION 

Digital image processing in mechatronics is, as a rule, used 
in the situations in which it is difficult or impossible to 
acquire useful information by means of conventional methods. 
This mode of information collection is exceptionally suitable 
for the objects which are of extremely irregular shape, mobile, 
unavailable due to too high or too low temperature, sensitive 
to touch, inaccessible, radioactive, toxic, or when a great 
quantity of information is to be collected in a large area, if the 
geometry of the object changes, etc. This mode of information 
collection has a series of advantages such as:  the variety of 
results (descriptive data, photograph documents, graphic 
documents, numerical data…), high range of accuracy (from 
0.1mm up to a few meters), great automatization possibilities 
of collection and processing  of information from the 
photograph, numerous application areas, great reliability 
because of the objective registration of all information in the 
photograph, simple possibility  of additional measurements 
and monitoring of changes,  wide sensitivity spectrum (IC, 
thermal radiation, and other sorts of electromagnetic 
radiation) etc. All this information can be collected by means 
of the cameras of different types and applications. The choice 
of the adequate camera depends on the kind of information we 
want to get and on the object or process which is observed. 
From the wide palette of available cameras, a digital amateur 
camera has been analyzed because it satisfies most criteria 
(including the price) for the application in different domains 
of mechatronics. The first step in the use of the camera for 
measurements is its calibration. The idea of calibration 
includes the definition of geometric and optical characteristics 
and intrinsic and extrinsic parameters of the camera through 
different procedures. The choice of the calibration mode 
depends on the accuracy and applicability of the desired 
results, taking into account the available calibration 
equipment, too. 

II. SCENE FORMING 

Figure 1: A scheme of image forming, starting with the 
real scene [1]. 

 

 
 

Fig. 1. The structure of the image forming system 
 

Light ray of a scene goes through the optical system of the 
camera and the video sensor and at the output it gives the 
analogue signal. The image acquired in that way, deviates 
from the real scene which is the consequence of the optical 
system design and manufacturing, the manufacturing and 
positioning of the camera sensor, position and type of the light 
source, environment temperature, vibrations and other 
numerous and different influences of the environment. These 
deviations, named by one word, are distorsions.  The analogue 
signal is taken to the converter (FG) which converts the 
analogue signal into digital. The digitalized signal is 
transferred to the computer and the image is prepared for the 
processing. 

The transformation of a three-dimensional scene into two-
dimensional image can be considered as a kind of distortion, 
because it is not possible to perserve the real values of 
corresponding points parameters. On the basis of the dominant 
characteristics the  distortion can be geometrical and 
radiometrical. The geometrical distortion changes the position 
of the scene image points depending on the characteristics of 
the camera optical system and environmental influence. For 
example, the perspective projection (figure 2) of a square is a 
quadrangle with transformed values of the angles and 
distances between the corresponding points. 

 

 
 

Fig. 2. Perspective projection 
 

These types of distortion are called linear because they can be 
mathematically described by linear matrix agebra. Linear 
distortion is manifested in the form of perspective projection, 
displacement  of the coordinate origin of the image,  the 
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differences in the scaling allong the coordinate axes and the 
lack of orthogonality. Besides the lenear there are also 
nonlinear distortions: radial ditortion (barrel and pincushion) 
and the lens ditortion (radial and tangential). Radiometrical 
distortion causes the deviations in the domain of the image 
light characteristics. 

In order to get as realistic and quality scene information as 
possible, these deviations should be compensated. It is 
possible to realize the compensation if we get acquainted with 
the functional dependance of  coordinate points projection and 
define the type and size of deviation. 

III. CONCEPT AND TYPES OF CALIBRATION 

Camera calibration includes the discovery of intrinsic 
camera characteristics which influence the image formation 
process (focus length, factors of scaling  along the rows and 
colums of pixels,  skew factors, lens system distortion, the 
position of the image center in the image) [2]. There are two 
types of camera calibration: radiometical and geometrical. 
The radiometrical calibration includes the aquiring of 
information about the camera distortion in the domain of 
luminous characteristics of the scene such as: colour, 
luminance, brightness, etc.  The geometrical calibration 
results in the knowledge of translation and rotation camera 
parameters (extrinsic parameters) and the knowledge of the 
value of the focus length of the camera optic system, principal 
point position, the factors of  scaling along the image axes etc 
(intrinsic camera parameters). This type of camera calibration 
includes the process of the acquiring of the image of the 
special, a priori shaped and and dimensionally defined real 
scene. This calibration type is known as the object calibration 
and the target calibration. 

Taking into accout that each camera, regardless the 
construction of the optical part of the system, functions 
according to the principle of central projection, in Figure 3 
there is a schematic projecetion of a real scene into an image. 
Pi  are scenes points chosen at random, and q i  are the 
corresponding points in the image plane. 

 

 
 

Fig. 3. Central projection 
 

The coordinate system (x', y', z') is chosen in such a way 
that the axis z' is perpendicular on to the image plane I. The 
image coordinate system can also be set freely. All scene light 
rays intersect in one point (O) which is called the optical 
center or the center of the perspective. The line which 
includes the optical center and is perpendicular on the image 

plane is named the optical axis (o).  This axis intersects the 
image plane in the point C which is named the principle point. 
This point does not have to correspond  with the image I plane 
center (CCD plane). 

At this transformation, the rotation and translation of the 
coordinate system occurs.  The coordinate system rotation is 
shown in the Figure 4. 
 

 
 

Fig. 4. Plane rotation of the coordinate system 
 

The interpretation of the plane rotation in the matrix form is as 
follows: 

 
xRX ⋅=  (1) 

 
where R is the orthogonal matrix. 
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In practice, it seldom happens that the transformation is of a 

plane type. Most often, it is space rotation around all three 
coordinate axes, shown in the Figure 5. 

 

 
 

Fig. 5. Space rotation of the coordinate system 
 

The mathematical interpretation of  the coordinate system 
plane rotation in the matrix form is as follows: 
 

xRX ⋅=  (3) 
 
where R is an orthogonal shape matrix: 
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The matrix elements of space rotation are calculated by 

means of sinus and cosinus of  rotation angles φ,ω i κ, and the 
form of this matrix depends on the rotations order.   

For most applications in mechatronic systems, geometrical 
calibration gives satisfactory results because the coordinates 
of the pair scene-image are available and known [5]. Scene 
coordinates are measured directly at the scene itself 
(calibration target), and the coordinates of corresponding 
points are detected in the image. The calibration object can be 
a checkboard with black and white squares of known 
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dimensions, with circles of known diametars and marked 
gravity centers etc. On each calibration checkboard  there are 
characteristic points called control or reference points. The 
object calibration can be three-dimensional, by virtual 3D 
object (simulation by multiple  2D views) or two-dimensional 
(coplanar). 

 

 
 

Fig. 6. Types of calibration 
 

The calibration by 3D object is complicated for realiztion, 
and the definition of reference points coordinates in space is 
complex. This mode provides the possibiliy of a very precise 
calibration. 3D calibration is applicable in the cases when 
both extrinsic and intrinsic camera parameters are known.  

Besides 3D calibration, it is also possible to perform the 
calibration by simulation of 3D object with multiple 2D wievs 
of the calibration object. 2D plane can be freely mobile 
between paricular images of acquisition or with a priori 
defined movement. 

The simplest mode of objects calibration is coplanar or 2D 
calibration. This mode is also the cheapest one and therefore, 
the most popular. The calibration sample in form of 
checkboard and geometrical shapes, defined by dimension and 
form, on it are needed for the realization.  

By 3D calibration, the most precise and most reliable 
results are achieved, which is important for the control of 
mechatronic mechanisms. At 3D calibration, we start with the 
assumption that 3D and 2D coordinate points of the object 
(e.g. a cube) are known values [4]. 
 

 
 

Fig. 7. Calibration model 
 

On the basis of the given 3D coordinates of the known 
object and by the elimination of unknown scaling factors, the 
projection matrix П is formed. By the application of the 
matrix calculation method and the method of decomposition 
of the fundamental matrix for known epipolar limitations, we 
get the solution in the form of camera parameters. The process 
of fundamental matrix formation is significant because by its 
further mathematical processing (reconstruction) the 
respective projection matrix and 3D structure can be formed. 
There are three different types of reconstruction: projection, 
Euklidean and afino . Euklidean reconstruction implies that 
the bject characteristics (parallelism, angles, distances, etc) 
are maintained. rigid bodies transformations are 

transformations of proportionality. At the projective 
reconstruction, these features are changed so that finally, an 
image with distortion is formed. Advanced projective 
structure is afino structure. It uses partially the known scene 
(known points of disappearance, known principle point, 
without skew) or special cases (pure rotation, pure translation, 
planar movement or straight linear movement). Camera 
parameters are constant (multiple views, i.e. view from 
different angles). Projection matrices and 3D structure 
matrices for these types of reconstruction are shown in the 
Chart I. Chart II gives the survey of the most important 
calibration methods. 

 
CHART I 
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CHART II 

 
Summary of calibration methods 
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At the calibration, a real camera is presented by a 

mathematical model which describes how a real scene is 
transformed into image [3]. In accordance with the real 
characteristics of the camera and the preciseness which we 
want to achieve in the image, the whole palette of camera 
models has been developed. Some of them are based upon the 
physical parameters of the camera, but there are also the ones 
which just represent the projection of a scene into an image. 
In accordance with that, all models can be classified into two 
big groupings: explicit models, based on physical camera 
parameters and implicit models, which just describe the 



 

565 

projection of a scene into an image.  Within the explicit 
models, there are the following models: pinhole model, DLT 
model which can bie coplannar DLT model or extended DLT 
model and a photogrametic model of a camera which can be a 
traditional one or a simplified one. Within the group of 
implicit models, there are two –plane and n-plane models. By 
the comparative analisis of models, we come to the conclusion 
that they are different from each other according to the 
number of physical parameters which they inslude, 
advantages and disadvantages. For example, a pinhole model 
includes seven parameters and it is able to represent 
translation and rotation of a camera and to include distortion 
in the form of perspective projection. The mathematical model 
can be described as 

 
ii pTMFq ⋅⋅⋅=  (5) 

 
where [ ]Tiiii zyxp 1,,,=  is a matrix of a scene coordinares 

and i-te point and [ ]Tiiiiii wvwuwq ,,=  matrix of 
corresponding coordinates in the image plane. Matrices: 
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F, M, and T are respective matrices which describe the focal 
length, rotation and translation camera parameters. The 
realtions between the mentioned matrices are in this case very 
simple, unlike other model in which these relations are rather 
more complex. Other forms of distortion, such as 
displacement of the coordinate origin or lens distortion are not 
present. The model is simple, stable and linear. This means 
that the pinhole model represents the model of an ideal 
camera. This model is an approximation of a real camera and 
it can be used as a basis for other calibration models. DLT 
model represents the model of direct linear transformation and 
it can be considered as an improved pihnole model. At this 
model, there is no orthogonality between the coordinate axes 
of the image, the coordinate origin moves and there are 
different scaling factors along the coordinate axes. It is 
possible to describe the model mathematically by matrices of 
linear algebra.  
  

ii pAq ⋅=  (7) 
 
where the matrix A consists of the matrices V, B, F, M and T 

 
FMTBVA 11 −−= λ  (8) 

 
Factor 0≠λ  presents the tolta scaling. Matrices F, M i T, as 
in a pinhole model describe the focus length, rotation and 
translation, matrix V represents the traslation of the coordinate 
origin of the image in relation to the ideal  projection case, 

and the matrx B compensates different scaling factors and the 
lack of orthogonality between the coordinate axes. The 
complementary DLT model (CDLT) implies that  all objects 
points are in one plane. In that case, the equatation which 
descrebes the projection gets the following form  

 
( ) ii pAq ⋅= 3,3  (9) 

 
The expended DLT model includes, beside other elements, 
also the radial and tangential distortion, which is acheived by 
the introduction of additinal five parameters. By the 
comparative analysis of other models , we come to the 
conclusion that they include a greater number of parameters 
and they are able to include, to a smaller or higher degree, 
different distortion shapes. Depending on the conctrete 
camera model, it is possible to realize 2D calibration or 
another type of calibration is applied. The disadvantages of 
more complex models is the unability to include non linear 
distortions, the necessity of 3D calibration or the need for the 
distinct precisness at calibration. 

IV. CONCLUSION 

In this paper we have anlysed some aspects of camera 
calibration in relation to the specific requirements of 
mechatronic system. For the measurement of specific 
parameters of mobile and immobile objects, it is necessary to 
eliminate ceratain distortion types. The analysis of  some 
procedures given in the quated papers is presented by 
corresponding charts. On the basis of these results, it is 
possible to do the evaluation of  the choise of a digital camera 
calibration method for each speciffic case of application in 
mechatronic systems. 
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Description of the Basic Algorithm for Glass Thickness 
Measurement by Laser Scanning 

Gordana M. Cmiljanović¹, Dragan D. Kukolj², Senior Member, IEEE, Zoran B. Krajačević³ 

 
Abstract - In this paper a basic algorithm for glass thickness 

measurement by laser scanning is presented.  This algorithm is 
implemented and used for glass thickness measurement by a 
hand-held optical scanning device and all  measuring results 
presented here are achieved using this device. 

 
Keywords – Glass thickness measurement, Laser scanning, 

Laser triangulation, Real-time measurement. 

I. INTRODUCTION 

Optical scanning is a systematic articulation of light to 
provide information transfer [1]. Laser scanning, as a form of 
optical scanning, enables contact-less measurement and thus it 
is very useful in situations when measuring device must not 
have any influence on measuring results and must not damage 
measuring object. The algorithm described here was 
developed for a device which purpose is glass thickness 
measurement, air gap measurement (for isolation glass), 
coating detection, laminate detection and thickness 
measurement of laminate glass inner layers.  

Due to algorithms’ complexity and limited length of the 
paper, only a basic algorithm for glass thickness calculation is 
described here. Most of these measurements (coating 
detection, air gap value and laminate measurements) cannot 
be achieved using mechanical sensors while optical scanning 
proves to be a very good solution. The main principle of 
optical (laser) measurement is optical triangulation [2]. The 
optical triangulation is shown in Fig 1. 

II. MEASURING SYSTEM 

A very simple measuring system is used here (similar to 
one displayed in Fig. 1.). Optical part consists of a laser and a 
CCD sensor4 [3]. Laser beam is directed to a measuring object 
(glass) with a defined angle, for a defined amount of time,  
 
 
¹Gordana M. Cmiljanović is with RT-RK, Ilije Đuričića 2a, 21000 
Novi Sad, Serbia, Email: gordanacmiljanovic@rt-rk.com  
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³Zoran B. Krajacević is with the Faculty of Engineering, Trg D. 
Obradovica 6, 21000 Novi Sad, Serbia, E-mail: 
zoran.krajacevic@micronasnit.com 

                                                 
4 CCD is short for Charge Coupled Device. CCD-chips consist of a 
one or two dimensional array of memory elements (pixels).  In our 
case it is one array of 1280 pixels. 

called exposition time5. After hitting the glass laser beam 
partly reflects from the glass surfaces and reflected light hits 
the CCD sensor. 

 

 
Fig. 1. The measuring system 

 
The CCD pixels have different intensities depending on 

amount of light they were hit by. The pixels that are hit by 
reflected laser beam have very high intensity (peaks of intensity) 
[5], as shown in Fig. 3. The distance between peaks is used for 
glass thickness and air gap calculation. 

III. ALGORITHM DESCRIPTION 

The algorithm for calculation of glass thickness consists of the 
following steps, as also shown in Fig. 2.: 

 
Fig. 2. Algorithm steps 

                                                 
5 Exposition time is amount of time during which CCD sensor is 
exposed to laser beam. 
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1. Data preprocessing which includes  smoothing and 
normalization 

2. Determination of residual data 
3. Residual peaks detection 
4. Rising peak point detection 
5. Glass thickness calculation 

 
Detail description of the algorithm steps are as follows:  
 
A. Data preprocessing 

As mentioned earlier, raw CCD data is firstly 
preprocessed. Data preprocessing includes its smoothing and 
normalization. 
 
A.1. Smoothing 

Data smoothing is performed using the following 
formula: 

 

3
)1()()1()( +++−

=
ixixixixs ,                  (1) 

for i=2..n-1,                    

2
)1()()( ++

=
ixixix s , for i=1, and 

2
)()1()( ixixix s +−

= , for i=n, 

where: 

x(i) – is the current raw data value, 

x s (i) – is the current smoothed data value, 

n – is the number of CCD pixels (1280 in this case) [3]. 

 

A.2. Normalization 
For data normalization, data limits (minimum and 

maximum) need to be determined first.   
These limits are determined using the following 

formulae: 
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where: 

i=1.. n – is the current pixel number 

N =30 – based on optical measuring system 
characteristics (laser angle, CCD distance from the 
measuring object) the first reflection cannot be placed 
within the first N pixels. Because of that and since light 
noise can increase intensity of reflected light, only the 
first N pixels are used for minimum limit calculation. 
This also insures proper calculation in case of sensor 

exposition to additional strong light sources, such as 
sunlight, since it eliminates light noise (this is called 
noise elimination). 

Normalized values are computed by formulae: 
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if  ss xix min)( ≥  

else 0)( =ixn                                    (5) 

for i=1,..n,  

where: 

)(ix s  - is the current smoothed data value, 

)(ixn  - is the current normalized data value, 

sxmin  - is smoothed data lower value limit, 

sxmax  - is smoothed data upper value limit, 

n – is the number of CCD pixels (1280 in this case) [3]. 

 
B. Determination of residual data 

 
Residual data is calculated using the following 

formulae: 
 

)1()()( −−= ixixix ssd ,                        (6) 

 for i=2, 3, .. n, 

and 0)1( =dx ,                                   (7) 

where: 

)(ixd  - is the current residual value, 

)(ix s - is the current smoothed data value, 

)1( −ix s  - is the previous smoothed data value, 

n – is the number of CCD pixels (1280 in this case) [3]. 

Very low values of residual data (lower than 0.5) can 
be omitted, since they are consequence of digital data 
conversion and so considered to be noise, i.e. 0)( =ixd . 

C. Residual peaks detection 
 

Rising and falling edges of peaks are found, 
respectively. 

The position of the rising edge is determined by 
requirement: 

 
ijpos r =)( , if 0ix d >)( ,                    (8)  



 

568 

while the position of the falling edge is determined by 
requirement: 
 

ijpos f =)( ,  if 0ix d ≤)( ,                     (9) 
where: 

)(),( jposjpos fr  - are rising and falling edge indices 
of the j-th peak, respectively, 

)(ix d  - is the i-th  residual value. 
 
Peaks values are computed by formulae: 
 

|))((||,..,))(((|
max)(

jposxjposx
sgjval

fdrd

⋅=
        (10)                                                               

where: 
sg – is +1 when ))j(pos(x)),..,j(pos(x fdrd  are 

positive, or –1 when ))j(pos(x)),..,j(pos(x fdrd  
are negative, 

)( jval  - is the intensity value of the j-th peak, 

))(()),(( jposxjposx fdrd  - are residual rising and 
falling edge values, respectively. 
 
Final positions of positive and negative peaks are 
determined as: 

)()( jposjpos r=                          (11) 
for positive peak, and 

)()( jposjpos f=                         (12) 
for negative peak, 
 
where: 

)( jpos  - is the position of the j-th peak. 
 

D. Final peak point determination in smooth data 
 

A positive-negative pair of peaks from residual series 
determines one peak of the smoothed data (smoothed data 
is output of the first step). 
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and 
))(()( kposxkval sss = ,                   (14) 

where: 
)(kpos s  - is the position of the k-th peak of 

smoothed data, 
)(kval s  - is the value of the k-th peak of smoothed 

data. 
The result of this step is determination of position and 
intensity of all existing peaks. 

 
E. Glass thickness calculation 

 
Based on determined peaks positions and values (from 

step 4.) the glass classification is made. 
Individual thickness of the glass sheets are computed 

as: 
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for 2/,..,1jg n= ,                                   
and distances in between glass sheets are computed as: 
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for 12/,..,1 −= nja , 
where: 

)( gjdg  - is the glass thickness of the current glass 
sheet, 

)( ajda  - is the current air gap distance, 
ConstGlass and ConstGap – are constant values based on 
sensor’s geometric characteristics and glass refraction 
index. 

IV. GRAPHICAL PRESENTATION OF ALGORITHM 
STEPS 

For a better algorithm presentation, sensor data after each 
step for one glass sample is shown in Figs.  3. to 7. Isolation 
glass, which thickness is 4.0>16.0<4.0 (all values are in 
millimeters), is used as a sample, where: 

4.0> means: first glass sheet thickness of 4.0mm and 
coating 6on the inside 

16.0 means: air gap of 16.0mm  
<4.0 means: second glass sheet thickness of 4.0mm and 

coating on the inside 
The raw CCD data with defined exposition time is 

displayed in Fig. 3. 
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Fig. 3. Raw CCD data 

                                                 
6 Coating is a very thin metal layer on glass surface which 
purpose is to reflect light; glass coating detection is not a 
subject in this paper 
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Result of smoothing of the sensor original data (after 
execution of Eq. (1)) is displayed in Fig. 4. 
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Fig. 4. Smoothing 

 
Shape of the sensor data after normalization is performed 

(after execution of Eqs. (4) and (5)) is displayed in Fig. 5. 
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Fig. 5. Normalization 

 
Residual data values (calculated using Eqs. (6) and (7)) are 

displayed in Fig. 6. 
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Fig. 6. Residual values 

 
 
 
 
 
 
 
 
 
 
 

Fig. 6. clearly shows detected edges of the current glass 
sheets and the air gap between them. The first peak in Fig. 6., 
which is in position pos1=54 and has positive value, is 
actually a rising edge of the first peak of CCD data from Fig. 
3.; the next peak from Fig, 6., which is at position pos2=75 
and has negative value is a falling edge of the CCD peak. 
These two values, pos1 and pos2, define position of the first 
CCD data peak, for example in this case it is pos1s=63. In the 
same way positions of all CCD data peaks are calculated. 

Distance between two CCD data peaks defines glass 
thickness value.  More precisely, in this case, for the first 
glass sheet, with peak one pos1s=63 and peak two pos2s=119, 
calculated glass thickness is 3.9mm. 

V. CONCLUSION 

The described algorithm used for glass thickness 
measurement proved to be very satisfactory. This algorithm is 
implemented and used for glass thickness measurement in a 
commercial hand-held device. The device was powered by an 
ARM based microcontroller [4], its measuring range is over 
60mm, measuring resolution is 0.1mm, and average accuracy 
of 0.3mm is achieved using this algorithm. The device can 
also detect coatings, detect laminated glass and measure 
thickness of individual layers and total thickness for laminated 
glass, but these functions are not subject of this paper. 
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The Octagon™ embedded PCs and their Applications for 
Industrial Purposes 

  
Ginka Marinova1, Nikolay Kostov2, Slava Yordanova3 

 

 

Abstract - The paper presents some practical results from the 
implementation of the Octagon™ high performance controller 
boards type 2060 PC/104 CPU. The industrial use of the board in 
study determines the special attention given to the reliability 
features of the module. The authors examine various exploitation 
factors that affect mostly the uninterrupted work of the module 
and hence devices based on it. A practical block diagram of a test 
device is presented and its work analyzed in the context of the 
2060 features already outlined. 

 
Keywords -  Industrial controllers, Octagon, reliability 

I. INTRODUCTION 

Industrial applications generally require except for high 
reliability, certain minimum compliance with power, repair 
and size requirements. Originally LS TTL technology was 
used in the design of the industrial computers. Because of the 
rapidly increasing number of components in the PCs, 
designers have turned sights to CMOS technology in order to 
satisfy very often contradicting needs. If we limit our study to 
the most important in our opinion characteristic of the 
industrial PCs – the reliability – we should examine in more 
detail the most common reasons for failures in the industrial 
embedded systems and in particular these built on CMOS 
technology. [1, 2, 3] 

II. OCTAGON™ PCS RELIABILITY 
CHARACTERISTICS 

The Octagon™ embedded industrial computers generally 
follow classic design pattern for implementation of CMOS 
circuits and hence they feature several most common reasons 
for failure – over voltage of the power supply, static 
dischargers and damage to the serial and parallel ports. The 
case with the random component failure is intentionally 
excluded from this list as the average MTBF of an Octagon 
card is greater than 11 years.  
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The company reports [1] that in a seven year study is has 
never found a single case where multiple IC failures were not 
caused by misuse or accident. This result might mean that 
multiple component failures indicate that they were user 
induced.  

Over voltage is perhaps most common reason for general or 
partial failures on these controllers. Same source [1] cites a 
figure of average 50% failures due to over voltage reasons     

The company’s study points to the following order of 
failure in the components mounted on the PC boards in cases 
of over voltage – programmable logic devices (PLCs), 
EPROMs and CPUs. 

These results should be taken into account when diagnosing 
devices built with Octagon components.  

Static discharges appear to be not as much serious as over 
voltage, but still essential enough to be considered, especially 
in industrial application. Usually failures from static 
discharges come from improper wiring and in particular open 
leads connected to I/O lines. In the case with the Octagon 
controller PCs this reason for device failure is almost 
completely excluded due to special measures taken by the 
designers to avoid static discharges. Though the company 
does not reveal its practices in this respect the overall effect of 
these failures are claimed to not exceed 3% of all registered 
cases of malfunction. Carried out tests at the laboratories of 
the Technical university of Varna indirectly confirmed such 
low figure as there was not a single case of PC board failure 
due to static discharge reasons during several months’ 
intensive work with Octagon PCs and numerous cases of high 
voltage use close to or even in connection to the boards. No 
special measures were taken to prevent static charge induction 
in all instances [1]. 

More common reason for component failure appears to be 
improper power sequencing. As a rule of thumb, this refers to 
I/O lines connection when no special measures are taken 
either to avoid or to reduce negative effect of powering 
through I/O lines. If we apply +5 V to the input of a TTL chip 
with main power to the PCB off, there will be no visible 
effect. Applying +5V to a CMOS card however, at the same 
condition will cause current flow through this input and out 
the 5V power pin. This current attempts to power up the 
whole card. Most inputs are rated at 25 mA maximum and 
when this is exceeded, the chip may be damaged. A possible 
solution to avoid this and the previous case of failure threats is 
by introducing opto-couple isolation of the I/O lines on the 
Octagon controllers.  
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III. THE 2060 PC/104 CPU FEATURES 

A 2060 PC/104 CPU card was used for both study and 
special design development. It integrates serial 
communications, IDE hard disk port, floppy disk port, 
CompactFlash socket, a multifunctional parallel port, digital 
I/O, two USB ports, keyboard, mouse and speaker ports and 
video. The 2060 CPU card can be used in a stand-alone mode 
or expanded through PC/104 interface. It should be noted 
however that 2060 as stand-alone CPU card  cannot be used as 
an expansion one to another CPU card. The module comes 
with a BIOS loaded on a flash device for easy updates. 
Software wise it is fully compatible with most popular 
operating systems. Internal block structure is not revealed by 
the company, hence the whole unit is looked at as a black box 
with specified software features further implemented by the 
designers. [1, 2] 

Following are the major hardware features of 2060 
CPU Card.  
 
A. CPU  Procesor  

 
The CPU is a high-performance. low-power AMD Geode 

GXI processor with clock speed of 233 or 300 MHz, jumper 
selectable. It uses CS5530A companion chip for some of the 
peripherals. The built-in ISA bus speed is 8.33 MHz.  
SDRAM 

Originally the card comes with 0 MB RAM. The memory 
socket can accept up to 256 MB capacity SO-DIMM modules 
type PC100 or PC133. 
 
B. On-Board Flash  

 
On board is a 512 kB SMT boot flash that contains the 

BIOS. 
 

C. Compact Flash Soket  
 
The CompactFlash socket accepts Type I and Type II 

CompactFlash cards. They appear as an IDE device to the 
system. It is implemented with ATA-4 compliant IDE 
controller and appears in Setup as primary IDE device.  
 
D. Hard Disk and Floppy Disk Ports  

 
A special 80-pin connector on the bottom side of the board 

is provided for connection of the hard disk. The IDE 
connector does not supply +5V to the hard drive. The hard 
drive is implemented with a second IDE controller. The BIOS 
supports up to two IDE drives in addition to the 
CompactFlash. The floppy drive is supported through the LPT 
port. Specific to the Card is that only LPT-to-floppy cable 
(part #6470) can be used to connect the external disk device. 
The option to use floppy with the LPT is selected from the 
LPT menu of BIOS Setup. 
 
E. USB Port  

 

The CS5530A companion chip supports two USB 1.0 
channels, available when using an operating system that 
supports USB. There is no support from Octagon for DOS 
legacy USB. Both channels are HCI compliant.  
 
F. Digital I/O 
 

The 2060 has 16 digital I/O lines on the 80-pin connector 
and an additional 8 lines on a separate connector. All lines are 
0-5V logic compatible, individually programmed as inputs or 
outputs. 
 
G. ESD protected serial ports  

 
The 2060 CPU Card has two serial ports. COM1 and 

COM2 provide RS-232C, COM2 also supports RS-422 and 
RS-485 interfaces. The latter are available through a separate 
connector. All serial I/O are ESD protected for discharge 
voltages of up to ± 8kV. 
 
H. Multifunctional printer port  

 
The 2060 CPU Card incorporates the latest enhanced 

parallel port and includes unidirectional, bi-directional, ECP, 
EPP and Floppy Drive modes. 

 
K. Video 
 

The board supports CRT monitors up to 1280 x 1024 x 8 
resolution and flat panel displays with up to 1024 x 768 x 8 
bpp resolution. 

 
L. Setup EEPROM 
 

Loss of Setup information is a serious issue in industrial 
application. Most PCs store their Setup information in battery-
backed CMOS RAM. This however leads to the risk of 
loosing the information in a case of incidental discontinuing 
of CMOS powering. The 2060 CPU uses EEPROM to store 
Setup information of up to 1024 user available words. Access 
to this memory is with the help of special routines that come 
together with the controller. [4] 

IV. WATCHDOG TIMER FOR SAFETY 

This hardware feature monitors the program work and 
resets the system in a case of unexpected software stops. It is 
enabled, disabled and strobed under software control. The 
time period for activation is programmable from 2 ms to 120 s 
with a variability of ±50%. To avoid an undesired reset of the 
system, the timer should be strobed at least twice faster than 
the programmed activation period. Such an approach will 
guarantee that no control period will be lost, which will 
consequently reset the system. 
 
A. PC/104 interface  
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This is a standard interface feature accepting 8- and 16-bit 
PC/104 expansion boards. Up to four such PCBs may be 
stacked on the 2060 CPU Card. 
 
B. Power and Environmental Ratings  

 
The Card is single voltage operated – +5V – and typically 

consumes between one and 2 A in different modes of 
operation. Operating temperature is -40o to 85oC at both 
operating frequencies (-55o to 95oC no operating). Guaranteed 
shock steadiness is 40g in three axes and vibration stability is 
5g in three axes. Partly these features are due to the extremely 
compact dimensions of the board – 9 x 9.5 x 2 cm. 

The major software features correspond to the main use of 
the controller as an industrial one, and consists of: a start-up 
diagnostics operating automatically at power start-up or reset 
conditions; Phoenix Software BIOS with special Octagon 
defined extensions (access to watchdog functions, serial 
EEPROM, digital I/O, etc.); multiple boot sequence ability 
from CompactFlash, floppy disk, hard disk, or a CD-ROM.  

The 2060 CPU Card does not come with an installed 
operating system. Users may install an operating system onto 
a hard drive or CompactFlash card. All common OS can be 
installed on the Octagon Systems – Windows CE.net, Linux, 
QNX and ROMDOS 7.1. The manufacturer offers a number 
of development kits for these OS, but there is no problem to 
install the software without them. Such an installation of a 
Linux OS was tried during tests with the 2060 CPU Card at 
the Technical University of Varna. No loss of functionality 
was noticed by the developers including special features of the 
board like watchdog timer and digital I/O. The CompactFlash 
storage option was selected as most convenient.  

The 2060 CPU Card BIOS has a comprehensive Setup 
configuration program, available during BIOS POST 
sequence by pressing “F2” key. An option for reverting to 
factory-programmed defaults allows reconfiguring the Setup 
by forcing all adjustable features to predetermined values. 
Basic system configurations are available through main and 
submenus, similar to common PCs. [1, 2, 3, 4] 

V. APPLICATION ISSUES - 2060 

For test and evaluation purposes a basic configuration with 
Octagon 2060 was produced (see Fig.1) 

 

 
 

Fig. 1 

In this configuration, the main embedded PC is based on 
the use of 2060 Octagon CPU Card, which provides basic 
communication with standard I/O devices – display, keyboard, 
storage media. The link to the primary sources for information 
and execution units is through a special PIC microcomputer. 
The 2060 and the PIC microcomputer communicate through 
the built-in USB port of the 2060. Similarly, the two devices 
can be connected through the ISA bus. In this case, however, 
the latter must be simulated on the on-board 80-pin connector 
with appropriate drivers from both sides. The final solution 
depends on the overall information flow between basic I/Os 
and the Octagon CPU Card as well as on the speed of 
information exchange through the channel.  

As mentioned earlier a CompactFlash option for storing OS 
and application was selected in the test configuration 
described in this paper. The built-in CompactFlash socket of 
2060 supports 3.3 V devices. The storage media attached to 
this port appears to the system as an IDE device. It is 
automatically detected and configured as a hard drive during 
bootup. The CompactFlash socket is connected to the Primary 
IDE channel. The channel itself is configured for a Master 
device only. Therefore if a CompactFlash device is installed, 
it will show up as a Master on the Primary IDE channel. Any 
additional IDE devices will show up as Secondary IDE 
devices. The design in test used 512 MB flash card to store 
OS and application. This was possible because of the compact 
size of the OS (limited Linux version). An advantage of the 
implemented BIOS is its ability to support any floppy drive, 
and any standard IDE hard drive that has 16-bit IDE interface. 
Practically no additional software is necessary to attach all 
kinds of IDE devices. There is a quantitative limitation in the 
BOIS used with the 2060 CPU Card – this refers to three IDE 
devices (including CompactFlash) and two floppy drives, 
however the LPT connector will only support one floppy 
drive.  

The industrial use of the test design required special role for 
the digital I/Os. 2060 offers 24 lines of the kind, grouped in 3 
ports of 8 bits. All of the bits are with equal weight and 
priority. They can be independently programmed as either 5 V 
inputs or 5 V outputs. Any one of them can sink or source 15 
mA, which in most cases is sufficient. In the practical 
application discussed here these I/O lines were used to control 
several (5) LEDs to signal different states of the device, to 
sense few switches (4) for control of special modes of 
operation and another 12 lines to read from a keypad to enter 
control data to the device. The latter were organized as 4 x 3 
matrix outputs. The input from the keypad was organized by 
scanning the rows and the columns of the matrix.  2060 PIC 

The main communication between the PIC microcomputer 
and the 2060 was made via one of the USB ports of the 2060. 
As the exchange speed from the side of the 2060 exceeded the 
speed of the PIC, an interrupted flag-controlled mode was 
used to synchronize the two blocks. The equivalent speed of 
exchange was limited to 1 MB/s, which was sufficient for the 
purposes of the controller. The USB driver for the PIC was 
written in assembler language, while the 2060 OS used a 
standard Linux driver available from Internet. The second 
USB port of the 2060 was dedicated for wireless module 
connection for communication with any standard portable PC 
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with Windows OS. [4] 
As the uninterrupted work of the device is critical for the 

safety of the equipment controlled by it, the watchdog timer 
function is not used in this application of the 2060 CPU Card.  

VI. CONCLUSION 

1. The Octagon 2060 CPU Card performs with an 
excellent stability in a wide range of operating temperatures -
30o to +80oC from test results). 

( 

2. High flexibility of the software possible for use 
allows for wide range of industrial control applications with 
provision for all common interfaces. 

3. Low power requirements contribute essentially for 
the overall reliability of the devices using the 2060 controller 
by reduction of the thermal load to other modules when 
mounted in a common box with the 2060. 

4. The compact dimensions and possibility to use 
CompactFlash devices as major storage media for the 2060, 

make the controller extremely suitable for remote standalone 
applications with a very high level of self sustainability.  

5. The possibility for operation without any 
mechanically moving parts (hard drives or floppy disk drives) 
increases significantly the overall reliability of the devices 
based on the 2060 CPU Card. 
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One Solution of Portable Pulse Generator Design 
Boris Radin1, Pavle Savković2, Branislav Atlagić3, Dušan Majstorović4

Abstract – This paper describes methodology of design and 
construction of pulse generator designed for laboratory testing of 
effect of electrical pulses on metabolism of micro organisms.  The 
device is realized as a portable device with substantive battery 
supply, and it is based on integrated circuits in CMOS 
technology with minimal consumption. Frequency synthesis is 
realized by using PLL circuits and two specially constructed 
counters which realize multiplication and division of referent 
oscillator frequency. 
 

Keywords – FPGA, PLL, pulse generator 

I. INTRODUCTION 

Recently, the attention of microbiologists is increasingly 
directed towards research of micro organisms’ electrical 
activity. The results of some researches imply that the most 
micro organism, especially morbid ones’, manifest significant 
bioelectrical activity with frequencies ranging up to 1MHz, 
[1]. Moreover, a possibility of inhibitory effect on micro 
organisms’ metabolism has been observed, achieved by 
electrical pulses of adequate frequency, which is especially 
efficient if the pulses are unipolar. Particularly interesting in 
this sense are rectangular unipolar pulses with duty factor near 
the value of 0.5 which, except for their effect on frequency of 
the fundamental harmonic, also enable the simultaneous effect 
on several frequencies that correspond to higher harmonics 
(especially to third and fifth one). 

For several years it has been possible to find pulse 
generators originated from this type of researches on the 
market in western countries. Such devices have evolved from 
simple, astabile multivibrators based on NE555 integrated 
circuit into very complex microprocessor based systems. 

Functional requirements imposed on such devices are 
following: 

− generation of unipolar rectangular signals with 
frequency up to 1MHz and amplitude up to 15V, 

− possibility to program the length of working intervals 
ranging from 1 to 30 minutes, 

− under load and overload output protection, 
− user friendly interface, 
− battery supply with as many working hours as possible. 
A representative of this class of devices [2] has been 

analyzed in detail, and the following serious deficiencies are 
noticed: 

− only basic frequency of 30kHz was realized, and 
to obtain any other frequency requires a separate 
module to be purchased, 

− the consumption of the device is comparatively 
high and the lifetime of battery elements 
(AA/LR6, 3 pieces) is relatively short, about 10 
hours, and finally, 

− the user interface is fairly scant (light diodes, 
keys and sound indicator). 

 
 

 

 
Fig. 1. Global structure of device 
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In endeavour to resolve the perceived deficiencies, the 

authors have constructed an entirely new pulse generator. The 
functional characteristics of this device are verified in 
laboratory tests of three manufactured prototypes.  
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In comparison with competitors [2], this device displays 
considerably better functional capabilities, and at the same 
time it is significantly cheaper. 

II. DEVICE DESCRIPTION 

Global structure of the device is represented in Fig 1. The 
main functional task – synthesis of rectangular signals of a 
given frequency – is realised by PLL based on integrated 
circuit 74HC4046, Fig 2. It is a component realised with 
HCMOS technology and optimised for work on low voltage 
of supply (3-6V) with the maximum supply current of 
approximately 0.5mA on working frequencies up to 1MHz. 
Among other things this device contains a VCO and 3 phase 
comparators. It is mass produced and has a low price. In this 
case we used a phase comparator II which is susceptive to 
signal edges, and associated passive R/C components are 
calculated in such way to cover the frequency range of 30kHz 
to 1MHz. 

 
Fig. 2. PLL circuitry for frequency synthesis 

 
Reference oscillator is based on integrated circuit 

74HC4060, controlled by a cheap crystal unit 32768Hz (f0 = 
215 Hz). This frequency has been chosen for the following 
reasons: 

− it is easy to attain frequency multiplication up to 
required 1MHz with associated 6-bit dividers, 

− the microcontroller is disburdened from the basic task 
of frequency synthesis and this working frequency is 
high enough for remaining tasks (servicing of the user 
interface, time control, supervision etc.), which 
significantly decreases its power consumption, 

− arithmetic operations are significantly simplified in the 
process of divider coefficient calculation, because 
multiplication and division with 215 can be realised by 
simple operations of bit shifting. 

 
PLL circuitry has two frequency dividers constructed 

exclusively for this application. These are 6-bit frequency 
dividers with the possibility of frequency division in 1-64 
range with preservation of almost ideal duty factor (0.5). 
Division coefficients are held in 6-bit associated registries N 
and M, which are directly accessible by the microcontroller, 

so that the overall process of given frequency synthesis is 
reduced to calculation of optimal values of dividers, and 
synthesized frequency has the value: 

 
  F = f0 * N/M        (1) 
 
Such dividers are not produced as commercially available 

integrated circuits, therefore their functionality is realised by 
complex programmable logic circuit (CPLD) Xilinx 
XCR3064XL. This component leaves enough resources for a 
number of additional functions (control and status registers, 
microcontroller glue logic, subsidiary counters etc.). In this 
way, the number of integrated circuits in the system is 
considerably decreased and the layout of the PCB is 
simplified. Moreover, XCR3064XL has low consumption that 
is in this case estimated to be at most 0.1mA. Finally, 
available development tools [3] make the implementation 
process (structure description in VHDL, functional 
simulations and verifications, component translation and 
programming) uncommonly efficient. 

 
Based on criteria such as consumption, price, availability 

of development tools and available internal resources, for the 
working microcontroller we have chosen PIC16F84A of 
Microchip [4]. It belongs to a widely used microcontroller 
family with the following characteristics: 

− 14-bit RISC core, 
− 1024 words of program FLASH memory, 
− 68B RAM memory, 
− 64B EEPROM data memory, 
− upper limit frequency of 20MHz, 
− 18-pin DIP enclosure. 
 
Device is supplied by three battery elements of AA/LR6 

type, generating from 3V to 4.5V. Input protection from 
inverse voltage is built in, as well as the possibility that the 
microcontroller, after end of work, automatically shuts down 
the whole device in order to reduce consumption. The voltage 
of battery elements is controlled through two comparators 
based on LMV339 circuit and a voltage reference LMV431. 
When the voltage on one element falls below the value of 
1.1V, the first comparator signalises the low battery status to 
the microcontroller, which is shown to the user by periodical 
blinking of a LED diode, and when it falls under the value of 
1V, microcontroller will automatically shut down the whole 
system. In this way it is possible to utilise almost the entire 
stored energy, with protection from over exhaustion of 
elements that could lead to electrolyte leakage. 

 
The voltage supplied for digital circuitry is 3.3Vdc 

nominal and it is a product by LDO regulator LP2981. This 
circuit is characterised by extremely low allowed value of 
input-output voltage dropdown of only 20mV with a normal 
working current of 5mA, which allows emptying of battery 
elements to the minimal working voltage of 3V for the built in 
integrated circuits i.e. 1V per element. 

 
Generated pulse series is transferred from LVCMOS 

voltage level to desired output voltage level (6-12V) by 
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translator circuit MC14504. This circuit is supplied by DC/DC 
converter based on switching regulator MAX608 that has a 
characteristic of low consumption and low working voltage. 

The converter topology is classical “boost”, and the user 
tunes output voltage through rotation pot. Both transformer 
and voltage translator have built-in over current protection, 
and the remaining two comparators from LMV339 component 
follow the device’s output current and signalize the state of 
current overload and low-supply to the microcontroller. 

 
In comparison to the commercial solution, the elements of 

user interface are extended so as to give a higher degree of 
user interactivity. The concept of photo signalization using 
LED diodes and audio signalization using signal buzzer is 
retained as suitable, both from functional and energy point of 
view. The number of keys is increased to three in order to ease 
movement through user menu. LCD display, type PVC60101, 
is introduced with possibility to write 16 alphanumerical 
characters that are used in the starting phase of setting the 
working parameters (frequency, time interval), as well as for 
display of messages. 

III. DESIGN METHODOLOGY 

During the beginning phase of project the working 
principles of device and functional requirements have been 
analysed from the user’s point of view, as well as the 
construction of existing commercially available solutions. 
Based on these circumstances, the functional criteria that 
designed device should realise were established and the global 
pointers for construction of some of its subsystems were 
given. 

 
Special attention was given to the frequency synthesis - 

the basic function of the device. The structure, PLL plus two 
dividers, is adopted as the most perspective, and then the 
detailed research in order to establish the optimal value of 
referent frequency and counting range were carried out. A 
separate program was written in C programming language, 
which was executed on a personal computer and which 
analysed the set of frequencies that could be generated. The 
result was that with the reference frequency of 32768Hz and 
6-bit dividers it is possible to cover desired frequency range 
(0.5 kHz – 1MHz) with 2485 different values, which is 
satisfactory covering density. 

 
Further work went on in two directions. The first one was 

related to solution to the problem of calculation of optimal 
values of coefficients N and M based on output frequency F 
and reference frequency f0. In this sense, a distinctive 
algorithm was developed and was firstly implemented and 
verified as a program in C programming language on a 
personal computer, and later is was translated into assembler 
code for the target microcontroller. The other direction was 
related to solution to the problem of frequency divider 
synthesis, and the result was a verified and optimised code in 
VHDL that was afterward translated for target CPLD. 

In the following phase, the components were chosen and 
the design of remaining segments of the system was carried 

out, which resulted in electric scheme and bill of material. The 
delivery time of components was used for designing the 
device PCB (printed circuit board), choosing the enclosure 
and planning of the elements installation. 

 
For the needs of (re)programming of CPLD circuits, a low 

voltage version of Xilinx parallel download cable was 
developed, which was completely compatible with 
manufacturer’s existing programming tools and specifications 
of parallel port of a personal computer, and which enables 
safe work with components with supply voltage of 2.5V or 
3.3V. 

 
The complete process of writing and testing of the 

software for Microchip’s microcontroller was carried out 
within the interacted development environment of this 
manufacturer - MPLAB IDE version 6.10. For the 
optimisation reasons, the program code was written in 
assembly language and MPASM translator and MPLINK 
linker were used as programming tools. The programming of 
the microcontroller was conducted through a programmer 
especially constructed for this purpose. It consists of probe 
that contains microcontroller and four-pole relay, used to 
place the microcontroller into working or programming 
regime. The relay is controlled through a switch that is based 
on the programmer connected to a personal computer through 
a parallel port, and to a laboratory voltage supply. In this way 
the development and the testing of program support was 
considerably accelerated, because no time was lost on 
physical transfer of microcontroller between device and 
programmer. 

 
After the completion of development, the device was 

thoroughly tested in laboratory conditions. Stable work was 
confirmed with overall current consumption under 20mA, 
which guaranties over 50 working hours using standard 
battery elements. Out of 20mA, only 3.4mA are used for 
internal supply, remaining current flows through the external 
load (body). 

IV. CONCLUSION 

In this paper, the construction and development process of 
the device was described, starting from the prototype level 
that was verified in laboratory conditions. With careful 
selection of components and appropriate design steps, the 
quality of the solution that significantly surpasses the 
commercially available devices in the same category was 
achieved. 
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Catalogue System for Electronic Documents Management 
and Control 

Milena N. Karova1, Plamena H. Grigorova2 

Abstract – This paper introduces a desktop based catalogue 
system for managing and control of electronic documents. 
Electronic documents are wide spread and there is need for a 
tool with witch to sort, search and store these files in easily 
accessible and convenient way. There are few other catalogue 
systems for managing this kind of data but they are somewhat 
limited. Currently described solution extends the data stored 
about the electronic document while preserving the initial file, 
using MS SQL powered database. 
 

Keywords – catalogue system, electronic documents, 
management, control, MS SQL, database. 
 

I. INTRODUCTION 

Electronic documents are currently very widely used. This 
is determines by their undeniable advantages in terms of 
necessary physical storage space, processing and searching 
speed and backup possibility. Electronic documents are 
equivalents of conventional data storage methods – books, 
magazines and other types of paper. A collection of electronic 
documents may consist of a lot more files than a real one and 
that’s why the question of effectively naming, sorting and 
searching of those files on the user’s hard disk arises. 

II. THE CATALOGUE SYSTEM DESIGN 

The Catalogue System for Electronic Documents 
Management and Control is simple, yet functional solution for 
users with collections of electronic documents, developed 
using C# programming language. It uses MS SQL Server to 
store helpful data. Its goal is to ease tasks like naming, saving 
additional data for the document, which is not convenient to 
be written in file’s name, searching and opening. The 
aforementioned additional data may be (besides title and 
author) genre, encoding, comments and so called linked files, 
for example separate file for cover, style sheets, etc. As to 
authors the system allows adding their name, biographical 
information and picture [Fig.1], witch is stored directly into 
the database, thus avoiding the need to save such data 
separately in files on the hard disk. 

 

 
 

Fig. 1. Author’s information 
 

The user interface is simple and familiar [Fig.1]. It’s 
divided in three: 

• Tree View [3] representing folder browsing part on 
the left; 

• List View [3] representing file browsing part in 
details view on the right; 

• Menus (main and context). 
 

  
 

Fig. 2. User Interface 
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The folder browsing part shows only users’ hard disk 
drives. This limitation is made to remove obsolete records in 
the database. The database stores information about the 
electronic documents based on their location. So to avoid 
obsolete records, on its startup, the application runs a silent 
thread [2], which deletes the records without corresponding 
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file on the users’ file system. There is no way to check 
database actuality on removable drives. 

 
Thread t = new Thread(new ThreadStart( 

Threader.SearchObsolete)); 
 

The file browsing part combines typical file information 
like filename, type and size with data read from the database: 

• Title; 
• Author; 
• Genre; 
• Encoding; 
• Number of linked files; 
• Users comment. 

This information is the key feature of the catalogue system, 
because it provides the users with the necessary data for easily 
managing their electronic collection. 

Other very useful feature of the application is the possibility 
of customization included. All strings are read [1] from 
lang.xml file, thus allowing full translation of the system to 
any language. The pictures used are also read from external 
files and can be replaced. If those files are missing the system 
will simply warn the user and still run, using the only one 
included icon. 

III. STORED DATA 

The database is quite simple which contributes to the fast 
work of the Catalogue System. The following are the main 
data structures: 

A. Authors’ information 

One author may write a lot of books and so is book 
independent. It’s unnecessary to write the author many times 
for each book he wrote [5]. That’s why information about 
them must be divided from the rest data. This information also 
slightly differs from the main purpose of the application, so 
it’s very basic and suffices to following: 

• Name; 
• Biography; 
• Picture. 

The name is only one because the user may not know all 
the names of an author, besides some authors use one name 
pseudonym and this would make sorting by author difficult. 
The other two fields remove the need for additional files with 
information on authors if the user wants to have this kind of  
data on one place. 

 
 

B. Books’ information 

Book information includes standard data like: 
• Full filename; 
• Title; 
• Genre; 

• Encoding; 
• Comments; 
• Linked files. 

The full filename (like c:\folder\file.ext) is the primary key, 
although for faster operation in the database is used integer ID 
field for primary key. Title is a field that can have duplicates 
in the database. The reason for this is that there are books with 
same names and different authors and moreover – a user can 
have multiple books from one author which differ only by 
encoding. Genre is not an enumerator and is left for the users 
to fill in freely. The idea behind this is to give bigger control 
over sorting and individual view on a book’s content. 
Encoding is int. Usually a person uses two to three languages 
and encoding gives a drop down choice between them, other 
or not readable. Those languages can too be customized in the 
lang.xml file. Comments are made for the user to decide what 
to note down. Finally linked files are those files, which come 
with the electronic document but are not contained in it. They 
include from cascading style sheets and illustrations for stored 
web pages to covers for books. This information is included 
for convenience. For example if the user decides to delete a 
book the linked documents information will help him clean 
fully his hard disk or else there may be left unused files. 

IV. FUNCTIONAL DESCRIPTION 

The basic tasks, performed by the application are illustrated 
by the following block-scheme [Fig.3]: 

 

 
 

Fig. 3. Basic Functions 
 

These problems are: 
• Input of additional data for the document; 
• Searching a document, based on the input data; 

The first thing a user needs to do is input the data, 
necessary for his further work with the application. Electronic 
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documents can be very different in format and contents, which 
makes the automatic extracting of the aforementioned 
information nearly impossible. After input of all the needed 
data the user can then easily search by random criteria. 

The operations that can be performed from within the 
system strongly depend if there is a selected file or not. If 
there isn’t any selection some functions like opening the 
electronic document for reading won’t be available. Actually 
the only available operation with data besides searching, when 
no file is selected, is input of author information [Fig.4]. 

 

 
 

Fig. 4. File and Data Operations 
 

The Catalogue System for Electronic Documents 
Management and Control has the following functions: 

A. Opening a file for reading 

This function calls the application, associated with the 
selected file: 

 
System.Diagnostics.Process.Start("c:\folder\file.ext"); 

 
If there isn’t an application associated with "ext", the 

program notifies the user using simple message box. 

B. Renaming a file 

When renaming the chosen file the system handles 
correctly forbidden symbols like /,\,*,?,:,",|,<,>, which can’t 
be used in file names. Also if there is already a file having the 
new name the user is notified and the rename operation is 
canceled. 

C. Deleting a file 

When deleting a file the program checks if there is a 
corresponding record in the database and deletes it as well. 

D. Managing linked files 

Linked files are handled using a List Box. In it the full list 
of linked files is displayed and two buttons allow adding to 
and deleting from the list. 

E. Creating or editing a database record 

This is one of the main functions of the application, that’s 
why "Create record" dialog can be invoked directly by double 
clicking on a chosen filename. 

 
DialogBoxNewRecord dlgNew = new 

DialogBoxNewRecord(); 
 

It’s vital for it to be simple and compact, because the user 
will work frequently with it and long open times or confusing 
interface would be a big flaw in the system. 

F. Creating or editing an author 

Creating and editing an author is not connected with files, 
so this dialog can be invoked at any time. 

 
DialogBoxNewAuthor dlgNew = new 

DialogBoxNewAuthor(strPath, strFile); 
 

Selecting an author for the chosen book can also be 
accomplished through this dialog. If there is selected file the 
checkbox becomes active and using it the user can select an 
author for his book. 

One of the most important functions of the system is the 
possibility of searching files based on their additional data. 
It’s independent from the selection and is invoked from the 
main menu. The user can search using criteria like filename, 
extension, genre, encoding and all the other data, stored in the 
database, also allowing multiple criteria selection. The 
multiple criteria selection however is somewhat limited as file 
properties (filename, extension, size) and database data are 
separated. 

The sorting possibility can be accessed either through the 
menu, or simply by clicking on the ListView column’ name. 
The last sorting order and column is saved in a configuration 
file, so they can be reused the next time the user starts the 
application. 

The application algorithm is illustrated on block-scheme on 
[Fig.5] 

After the start of the system the main constructor is 
executed and also the thread, which removes obsolete records 
from the database. The constructor creates application 
window, menus, TreeView and ListView controls, loads all 
strings from the language file if there is one and checks if the 
database connection is active and all resource files are present. 
If there is error the user is notified and default resources are 
loaded. Then the TreeView control is filled with users’ hard 
disks and he can start working with the system. 
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If there is a selection, the functions which operate on a file 
are enabled. When some function is chosen it executes and if 
it’s not "Exit" the application continues working by the 
explained algorithm until exited. 

 

V. CONCLUSION 

Electronic documents are useful and convenient compared 
to physical documents. But when their size exceeds several 
hundred megabytes it becomes clear that a good organization 
and management is needed. There are several different 
programming solutions for this job, but most of them store the 
whole document in a database limiting the user to managing 
their files only through that solution. If the database becomes 
corrupt all the documents are lost. Deleting, adding and 
opening of the documents goes through slow database 
operations. The Catalogue System for Electronic Documents 
Management and Control gives solution to those issues only 
providing management when the user chooses so, reducing 
database operations to minimal. 
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Application of Genetic Algorithms for Effective Choice 
of Information  

Hristo I. Toshev1, Stefan L. Koynov2 and Chavdar D. Korsemov3 

Abstract: - The application of genetic algorithms for an 
effective choice of information sources is introduced. The object 
is a combined GA as a probabilistic choice of information 
sources in the search of quasioptimal solutions. The general 
structure of the algorithm and its operation is presented. The 
comparative research under equal conditions and the presented 
graphs show that the increase of the problem dimensionality lead 
to a nonlinear improvement related to the method of the random 
search and also that it is better than a previously cited algorithm. 
This contributes to the more effective solution of the problem. 
 

Keywords – genetic algorithms, optimization, random search, 
selection, crossover, mutation. 

I. INTRODUCTION 

Genetic algorithms (GA)are a method for search based on 
the selection of the best species in the population in analogy to 
the theory of evolution of Ch. Darwin. 

Their origin is based on the model of biological evolution 
and the methods of random search. From the bibliographical 
sources [1]-[4] it is evident that the random search appeared 
as a realization of the simplest evolutionary model when the 
random mutations are modeled during random phases of 
searching the optimal solution and the selection is modeled as 
“removal” of the unfeasible versions. 

The main goal of GA-s is twofold: 
- abstract and formal explanation of the adaptation 

processes in evolutionary systems; 
- modelling natural evolutionary processes for efficient 

solution of determined class of optimization and other 
problems. 

The continuously growing number of publications and also 
of the practical implementations during the last years is a 
stable proof of the growing expansion of the scientific and 
application research in the domain of GA 

In order to give a general fancy for the type of applications, 
they could be classified in four main directions [5]: science, 
engineering, industry and various other directions 
(miscellaneous applications). Some specific areas inside any 
of these directions are discussed below. 
Scientific applications [5]-[9] – of chemical, analysis of 
spectroscopy, medical image reconstruction [8], computer 
aided diagnosis, machine-learning in highly dimensional data, 
the analysis of promoters in biological sequences in the 
problem to deal with [9] etc. 

 

1 Hristo I. Toshev, 2 Stefan L. Koynov and 3 Chavdar  D. 
Korsemov are with the Institute of Information Technologies, 
Bulgarian Academy of Sciences, Acad. G. Bonchev str., bl. 29A, 
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Engineering applications [4], [5], [10], [11] – electrical, 
hydraulic, structural, aeronautical, robotics and control etc. 

Industrial applications [4], [5], [12]-[14] – design, 
manufacture, scheduling, management etc. 

Miscellaneous applications [5], [15], [16] – problem of 
attribute selection in data mining, decisions support system, 
finance, optimization a forecast model, forest management 
etc. 

We propose in the rest of the paper the usage of the GA for 
an effective choice of information sources. 

II. PROBLEM FORMULATION 

The modern practice becomes more and more bounded to 
the process of solving different search problems of exactly 
defined information from huge data bases (DBs), its 
representation and visualization included. There is a certain 
number of concepts that have been well-developed and which 
offer tools to solve the above-introduced problems. Some of 
the are: 

KRAFT – Knowledge Reuse and Fusion / Transformation 
[17]. The main aim of this project is to enable sharing and 
reuse of constraints embedded in heterogeneous databases and 
knowledge systems. It has a hierarchy of shared ontologies for 
local resource ontology translation. 

OBSERVER – Ontology Based System Enhanced with 
Relationship for Vocabulary heterogeneity Resolution [18] is 
a system for information retrieving from information sources 
(IS). The main aim is to retrieve information from 
heterogeneous data bases without knowledge of their 
structure, location and existence of the requested information. 

EXPECT [19] is a framework for knowledge based systems 
developed to support knowledge acquisition and explanation. 

Disciple-RKF [20] is aimed at development and 
experimental validation of a collaborative assistant for rapid 
data basis formation and reasoning to enable a team of subject 
matter experts that do not have prior knowledge engineering 
experience, to rapidly construct, update and extend a high 
quality integrated base for a complex application. 

ODM - Ontology-Driven Methodology [21] Smirnov’s 
approach is designed as a combination of the discussed 
systems. It is an integrated structure for choices of 
information sources. 

The idea of such problems is the choice of certain concepts 
which shall be applied in the search and the processing of 
users’ requests in the most effective way and according to 
predefined criteria – costs, time, etc. 

The formulation of such problems requires to define the 
components of their complex elements [21] (applied ontology 
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– AO, information sources – IS, IS ontologies, user requests, 
requests’ ontologies, etc.). Different relations among the set of 
elements are established below, the goal-function definition 
included. 

AO A contains some ontology elements (OE – {aj}), i.e. 
classes O, attributes Q, domains D, and constraints C of the 
application domain. 

( ) { } n,...,jaC,D,Q,OA j 1 , ===   (1) 
where n is the number of OEs. 
IS Si contains some OEs {slit} at a time instant t. Besides 

OEs, IS contains instances (information content I), i.e. it 
constitutes a constraint network CNet(Si): 

CNet(Sit) = 
( ) ( ) ( ) ( ) ( )( ) == ititititit SI,SC,SD,SQ,SO  

{ } ilit p,...,lT,...,tm,...,is 1 ,1 ,1 , ====   (2) 
where m is the number of ISs in the system, T is the system 

life time, and pi is the number of OEs of ISi. 
Information map associates OEs of ISs with those of AO at 

a time instant t. Such association is denoted by a symbol “→”, 
and a statement “OE aj is associated with IS Sit” is denoted by 
( )itj Sa → : 

( ){ } AaSaIM jitjt ∈→=  ,   (3) 
It is considered that for each IS its parameters such as costs, 

availability, access time, on-line schedule, etc. are known. IS 
ontology will be defined as an association of IS’ elements 
with AO’s elements: 

( ) ( ){ }litjit saSA →=    (4) 
When a user request R is received by the system it is 

decomposed into a set of subrequests rk, which then are 
associated with the AO’s OEs (i.e. translated into the system’s 
terms). This association is contained in the request ontology 
A(R). When these operations are completed the request 
translated and decomposed into subrequests associated with 
the AO’s OEs will be obtained (denoted by R′): 

{ }krR =     (5) 
( ) ( ){ } AaRrarRA jkjk ∈∈→=  , ,  (6) 

{ } ( ) ( )RAarRaaR jk
'

jj
' ∈→∃∈∀=  : ,  (7) 

When the operations above are completed a set of feasible 
decisions of the task DecR can be written as: 

{ } ( ){ litkRRR srdecdecDec →== }

)

)

  (8) 
Costs Cost , time Time and reliability Reli required for 

request processing can be used as criteria of the decision’s 
effectiveness: 

( ) (∑
∈

=
Rjik decs

likCostRtcos sfdecfCost    (9) 

( RTime decfTime =     (10) 

( ) ( )∑
∈

=
Rjik decs

likliReRliRe sfdecfliRe   (11) 

Also, an overall index of effectiveness Eff including 
estimations of both costs and time can be considered 
(multicriteria optimization). For instance, normalized values 
of cost and time (superscript N) functions can be summarized 
using weights wCost  , wTime  and wReli 

( ) == REff decfEff  

( ) ( ) ( )( ) == RliReRTimeRCost
'
Eff decf,decf ,decff  

( ) (
)dec(f.w

decfwdecfw

R
N

liReliRe

R
N

TimeTimeR
N

CostCost

+

+⋅+⋅= )
    (12) 

1www liReTimeCost =++  

Decision is considered effective (denoted by  ) if the 
value of goal function, e.g., (11), is minimal with the 
constraints (1 - 8) being true: 

eff
Rdec

R
eff
R Decdec ∈ , 

( ) ( )REff
eff
REffRR decfdecfDecdec ≤∈∀  ,   (13) 

III. THE USAGE OF GENETIC ALGORITHMS 

Genetic algorithms are intended for searching a space of 
possible solutions to identify the best one. The “best” solution 
is defined as the one optimizing a predefined numerical 
measure called the solution fitness. Although different 
implementations of the genetic algorithms vary in their 
implementation details, they usually share the following 
structure [22]. 

The algorithm works by iteratively updating a set of 
possible solutions, called population. On each iteration, all 
members of the population are evaluated according to the 
fitness function. 
A new population is generated by probabilistically selecting 

the most fit individuals from the current population. 
Some of the selected individuals are carried forward into 

the next population intact. Others are used as the basis for 
creating new offspring individuals by applying genetic 
operations such as crossover and mutation. 

 
 IS1 … ISi … ISm 
OE1 R

1,1dec  … R
i,1dec  … R

m,1dec  
… … … … … … 
OEk R

1,kdec … R
i,kdec  … R

m,kdec  
… … … … … … 
OEn R

1,ndec … R
i,ndec  … R

m,ndec  
 

Fig. 1. Structure of a feasible decision used in GA 
 
An application of the genetic algorithm (GA) is proposed 

for the solution of the above-defined task. It is effective for 
problems of similar nature. A feasible static decision decR 

represents a chromosome and has the following structure: 
{ }R

i,kR decdec =      (14) 

where each  is a Boolean variable equal to 1 if ISi is 
used for obtaining OEk or to 0 otherwise  

R
i,kdec

Hence, decR represents a binary matrix (Fig. 1), whose rows 
are considered as genes for GA. 
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Fig. 2 
 
The solution of the already postulated problem is via a new 

GA which is created on the basis of a combination of elements 
from algorithms of Gen [23], Falkenauer [24] and Goldberg 
[25] as a probabilistic approach to quasioptimal solutions, 
using certain parts of the algorithms, above mentioned and we 
have also added some supplementary elements, that allow 
larger choice of the criteria and better selection after the 
population accomplished, which leads to decrease in number 
of the necessary computations.. The general structure of the 
algorithm is presented in Fig. 2. After the starting 
initialization a definition of a chromosome with the following 
structure is defined: , where each  is a 
Boolean variable equal to 1 iff ISi is used to obtain OEk or to 0 
otherwise. Then a choice is made of the used criteria (Time, 
Cost, Reli). 

{ R
i,kR decdec = } R

i,kdec

First, a random set of solutions (1st generation) is generated. 

Then the solutions are estimated according to the selected 
criteria (fitting). The next step is sorting of the solutions 
(ranking from the best to the worst). Now mechanisms of 
crossover and mutation are applied for the best solution to 
generate new solutions. A selection of the best solution is 
done followed by a verification whether the defined number 
of populations is reached. Otherwise a random set of solutions 
is generated and the loop is repeated over and over till the 
defined number of populations is achieved. After that the best 
solution is saved. 

A series of tests of the discussed GA (Fig. 2) were 
performed about the choice of information sources. They were 
based on the algorithm for problems with different 
dimensions. The values of the different parameters were 
randomly generated. Some actual problems have been solved, 
using six types of data bases as information sources. At that 
the number of the computations needed has been found at the 
presence of 2, 3, 4, 5 and 6 data bases. 

The obtained results are shown in Table 1 with the 
respective number of information sources and the number of 
iterations for achieving the effective solution. They are 
visualized in Fig. 3 as the graph GA2. 

Also comparative research was done under the same 
conditions using the methods of random search (MRS) and 
also using GA1, the older GA [26] applied by [21]. The 
obtained data are shown in Table I (MRS, GA1 and GA2), the 
graphs are in Fig. 3. 

TABLE I 
 

Number of Computations (NC) Information 
Sources (IS) MRS GA1 GA2 

2 24 20 17 
3 56 40 35 
4 > 100 71 63 
5 > 100 88 75 
6 > 100 92 80 

IV. CONCLUSION 

The paper deals with the applicability of GAs under 
effective choice of information sources. 

The results show that the introduced algorithm for the 
choice of information sources has much better indicators than 
the one of the method of random search and even better than 
GA1. This is due to the significantly smaller number of 
necessary computations to obtain the quasieffective solution 
compared to MRS; related to GA1 it is also better, due to the 
new additional elements in GA2, which enable better selection 
after the population realized and faster discovery of the 
solutions searched for. From the graphs in Fig. 3 it is evident 
that the increase in the dimensionality of the problem leads to 
a nonlinear improvement compared with MRS and with 
respect to GA1 there is also a certain improvement. 

The conclusion is that the application of GA2 to choose 
information sources leads to better results thus showing that 
the usage of new GA-based approaches contributes to the 
more effective solution of certain problems. 

The research in the domain can continue in pursuit of new 
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and better GAs for the solution of problems with complicated | 
more complex structures and a bigger volume like the 
multiobjective optimization problems. 

 
 

 
 

Fig. 3 
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Smart Interface Design and Web 2.0 application in the 
Intelligent e-Learning Systems 

Dimitar G. Nedev1 

 
Abstract: - This article focuses on smart user interfaces in web-

based e-Learning systems at the advent of the Web 2.0 
technologies. It describes the basic interface design guidelines 
and how the increase the productivity of the learner along with 
the techniques for smart adaptation of an interface. The article 
also elaborates on the topic of Web 2.0 technologies, their 
everyday use and implementation in the e-Learning systems of 
second generation. The last topic is the use of these techniques 
and technologies in the Moodle Course Management System. 

Keywords: e-learning; intelligent system; smart interface 
design. 

I. INTRODUCTION 

In the modern world e-Learning is defined as “learning 
facilitated and supported through the use of information and 
communications technology” [1]. Some of the benefits 
provided by this type of remote education are: reduced overall 
cost and learning time, consistent delivery of content and 
Expert knowledge [2]. These advantages of the e-learning 
have made it very competitive and the number of people 
relying on it is growing very fast. According to Sloan 
Consortium (Sloan-C) educational surveys  “nearly 3.2 
million students were taking at least one online course during 
the fall 2005 term, a substantial increase over the 2.3 million 
reported the previous year” [3], which clearly shows the great 
increase in e-learning popularity. The web-based electronic 
education systems are the particularly versatile and easy to 
adapt, and proved the best possible student-teacher interaction 
of all e-learning systems. The web-based electronic education 
provides particular benefits for the learners such as: 
fast/frequent update, 24/7 access, easy student tracking, 
personalized learning [4]. The personalized learning is of 
particular importance since it helps to provide the best 
possible environment for the learner/user. This facilitates 
faster and easier learning process. An adaptive Graphical User 
Interface (GUI) the can contribute to the ease of work of the 
user by arranging the elements. This help the interface to 
adjust to the individual user's needs and allow the user to 
make full use of the e-learning system [5]. This all makes the 
design and implementation of the GUI an important part of 
the electronic learning system. Nowadays there are many 
techniques for the creation an adaptive GUI – the developer 
can follow the guidelines for user interface design and 
facilitate the Web 2.0 technologies. There are also many smart 
adaptations that help the GUI to adapt to the individual user, 
thus offering optimal learning conditions [6]. 
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II. INTERFACE DEVELOPMENT GUIDELINES 

There are some simple rules the designer has to follow 
when developing a user interface (UI). First of all the user that 
is actually going to use it must be considered, for example 
who the user is – is he a professional or a novice.  

The general limitations of the human must also be taken 
into consideration – of importance here is the so called 
information processing model, which explains how the user 
actually perceives a page when he/she is browsing through it. 
According to it the visual stimuli on the screen are perceived 
by the receptors, than processed and sent to the short-term 
memory.  The information remains there only for a short 
period of time (about 30 seconds). When overburdened the 
user stops to perceive the new stimuli or forgets what was 
already observed before, therefore the information of the 
screen must be chunked for easier navigation. The menus 
must not have too many items on them and the most common 
should be on top. There must also be several methods for 
accessing the same content, thus once the learner has left the 
system it is easier to start from where he left last time. Such 
ways are: a single well organized main menu, keyword search, 
bookmark/history system, index/site map. A combination of 
them could provide enough possibilities for the user to 
continue his work without spending much time retracing his 
steps. All parts of the interface (menu entries, navigations, and 
buttons) should be clearly labeled and must not mislead the 
user. They must be consistent with the layout of the interface 
throughout the whole web site and must have meaningful 
names that explain their function. Another approach is to use 
visual metaphors that suggest with common sense logic what 
a certain interface element does [7]. 

Another important fact that comes from the information 
processing model is that in order to remember a learning 
material it must pass from the short-term memory to the long-
term memory. For that to happen the material must be 
structured clearly, chunked in appropriate peaces and there 
must not be too many stimuli to distract the learner [2]. 

Also of importance is to put the user in control. First it must 
be clearly stated where exactly on the site the user is currently 
and there must always be some form of navigation – a way for 
the user to go back or to entirely leave this part of the site. All 
the actions performed of the user must be reversible – done by 
some sort of back/undo or another way to reverse what has 
been done. Also there needs to be a way to tell the learner 
when certain action is being preformed by that server and 
he/she has to wait [4]. The user must always know what is 
going on – even if an error has occurred. For every error in a 
user depend at process there must be a clear message stating 
what went wrong and explanation how to fix it. There must be 
also instruction how to use the site that is easily accessible and 
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understandable. They must give information to the user how 
to get through any situation he/she gets into. In form of pop-
ups or using scripts the instructions that guide through the 
menus, explain the function of buttons or other elements of 
the interface must be provided [8]. 

Following the rules for a graphical user interface will help 
the easier navigation of the web-based electronic education 
system and will also support the learners' ability to perceive 
and remember the actual information provided by the e-
learning system. 

III. INTELLIGENT USER INTERFACE 

The intelligent user interface (IUI) is built on several 
paradigms based on the way of interaction between the user 
and the system and they are: user-based, model based and 
agent based interaction. In the case of user-based interaction is 
based on the ability of the interface to adapt to the level 
understanding and the needs of the individual user. There are 
two approaches: adaptive and adaptable. The adaptive IU 
constantly adapts to the user following the experience of user 
interaction, usually using dedicated software tools. An 
adaptable IU provides the user the means to adjust it 
according to one's needs [6]. 

The model-based interaction relies on a range of interaction 
models and knowledge repositories. It strengths are shorter 
time to create, due to the use of reusable methods, design 
support and automation. It allows the use of techniques such 
as later design refinement and incremental approach [6]. 

The agent-based interaction relies of the use software 
agents that distribute the task between the different aspects of 
the interaction. The agents have a “model of belief in the state 
of the environment” and “have the capability to look for 
“patterns of behavior from user(s) and agent(s)” [6] and learn 
from them. The agents are divided into several categories. The 
first one - the interface agent - gains experience from the 
action of the user and works as and intelligent assistant. The 
second one – the tutor agent - is involved in the problem 
solving tasks and “provides an envelope progressively 
removes it” [6] while the learner is acquiring the knowledge. 
The last one is the information agent; its role is to provide 
connection to the information source. In order to function all 
agent require model for interaction for the learner, the tutor, 
the domain and the interface. 

The IU can also react to the user's action based on different 
paradigms – based on the how often the data is used (adaptive 
ordering); based on the information from the model (adaptive 
prompting); based on agent interaction (guidance). Through 
these paradigms the IUI adapts to the individual user's needs 
and preferences. 

IV. THE WEB 2.0 AND ELEARNING 2.0 

The seven principles of Web 2.0 are [11]:  
1. The Web As Platform. The web is the only true link that 

unites us all together whoever we are and wherever we are in 
the world. Hence, to harness collective intelligence and to 
create the intelligent web - we need to include as many people 

as we can. The only way we can do this is to treat the web as a 
platform and use open standards.  

2. Harnessing Collective Intelligence. Now becomes the 
'main' principle or the first principle 

3. Data is the Next Intel Inside. By definition, to harness 
collective intelligence - we must have the capacity to process 
massive amounts of data.  

4. End of the Software Release Cycle. This pertains to 
'Software as a service'. Software as a 'product' can never keep 
up to date with all the changing information. Of course in the 
web 2.0 sense, we are dealing with code as well as data - so 
the service concept keeps the data relevant (and the harnessed 
decision accurate) by accessing as many sources as possible  

5. Lightweight Programming Models. The heavy weight 
programming models catered for the few. In contrast, using 
lightweight programming models we can reach many more 
people (hence sources of information – to enable data 
collection and a more intelligent web).  
6. Software Above the Level of a Single Device. More devices 
to capture information and better flow of information between 
these devices leads to a higher degree of collective 
intelligence 

7. Rich User Experiences. A rich user experience is 
necessary to enable better web applications leading to more 
web usage and better information flow on the web - leading 
ofcourse to a more 'Intelligent' web.  

The next generation web technologies combined under the 
name Web 2.0 are coming into existence. Based on them is the 
new phase of the electronic education called eLearning 2.0. 
One of the basic concepts of the new eLearning finds its 
foundations in the ever more popular aspects of the based on 
collaborative effort. These trends are the blogs, Wikis, 
discussion forums and so on. There the contributors are 
actually the user – in the case of eLearning system - the 
learners. Today there are a growing number of online 
educational forum that provide support for the learners, giving 
them opportunities to freely (and anomalously) ask question 
and get answers. The educational blogging is an also 
important part of the collaborative nature of the eLearning 2.0. 
They provide means of the learners to share their knowledge 
with the others. 

The wiki system is another Web 2.0 technology that can be 
utilized for educational purpose. The Wikipedia project, 
founded by Jimmy Wales and Larry Sanger, has become one 
of the largest online encyclopedias and now part of it is 
translated into many languages. Besides being ever growing, 
due to the increasing contribution of the users, the Wikimedia 
Foundation has started a wiki-based project called Wikiversity 
that is devoted to free online education hub with wide range of 
support materials [9]. 

Even more popular is the trend of using web feed formats 
(also known as syndication) usually using simple XML 
documents. The most popular such syndications are RSS and 
Atom. This allows all subscribers of a certain feed to receive 
regular updates of content published on blogs, the latest news 
headlines or even podcats. There is also a possibility of 
connecting a number of blog using RSS [10]. 
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V. PRACTICAL IMPLEMENTATION – MOODLE 

 

The Moodle e-learning platform that has significant number 
of registered sites (28610 as of 29.08.2007 [12]) and the 
popularity of the system is swiftly increasing. Moodle 
provides free support, besides having a large community that. 
Moodle is a Course Management System (CMS) that has open 
source and is based on the Web 2.0 technologies, making it a 
good example for an e-Learning 2.0 system. The Moodle 
CMS is designed to run on several operating systems 
including: Windows, Linux, MacOS X, FreeBSD. It could run 
from any server as long as there is a working PHP and a SQL 
database. Moodle can work with both MySQL and 
PostgreSQL which are free database systems. Fig. 1. The seven principles of web 2.0 as outlined by  

Tim O' Reilly [11] Part of the CMS is also numerous modules that such as: 
RSS/Atom syndication, blogs, wikis, quizzes, chats, forums 
and many other [13]. There are also many in-house and third-
party developed modules, plugins and themes. This could be 
contributed to the free and open source nature of the system 
that allows for vast contribution, since all users are allowed 
and encouraged to modify and distribute Moodle under the 
GNU General Public License [10]. The extensibility of the 
system makes it even more versatile. 

 
The Web 2.0 is usually relying on technologies such as: 

PHP, Cascading Style Sheets (CSS), XML,  validated HTML, 
AJAX and so on. The weblogs, syndication and wiki systems 
have also become important part of the Web 2.0.  

An import step for the Web 2.0 is the partial or complete 
use of Open Source Software (OSS) and its increase use today 
contributes for this - the expansion of the Linux market, the 
wide availability of free SQL databases and the ever growing 
number of Open Source products in use today. The next 
generation of the web is also heavily relying on the use of 
SQL databases for storing solution on the web and the Linux-
Apache-MySQL-PHP (LAPM) software bundle or one of its 
iteration is in the base of the many contemporary server 
solutions. This particular software pack is Open Source and 
further encourages the use of OSS.  

Another important feature is that Moodle is supports 
several languages. This is of great importance for a e-learning 
systems since this help to provide the best possible learning 
environment. The convenient and ease-of-use environment is 
also aided by the user interface. The Moodle GUI is designed 
according to the guidelines. The interface is intuitive, smart, 
and easy to use and navigates you through the whole CMS. 

 The new technologies and standards that are becoming ever 
more widely used would significantly contribute to the 
development of the intelligent e-learning systems. 

 
 

Fig. 2. The main page of Moodle in Bulgarian running at Technical College – Yambol [14] 
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The system provides all that is needed for a e-Learning 2.0 
system in a single package with minimum requirements. 
Moodle is an intelligent course management system, based of 
the latest generation of web technologies. The smart interface 
and the open source code makes adjustable and even 
extensible to everyone's needs. 

VI. CONCLUSION 

The latest generation of Web technologies are now 
becoming more widespread on the Internet. Syndication, wikis 
and blog, along with PHP, CSS – all now part of the daily life 
of most Web users. Their development is further pushed 
forward but the popularization of the Open Source Software, 
as it is free allows for easier customization. Now the 
developers tend are turning towards the techniques for 
interface adaptation to facilitates faster and smoother 
navigation of the user through their web sites. The e-Learning 
systems of second generation are build on top of these 
technologies – now proved, improved and easy to use. Smart 
interfaces and even intelligent Course Management Systems 
are now necessity for a system to succeed. As the goal of the 
e-Learning systems is to teach and the best possible way to do 
that is in environment best suited to the individual needs of 
the learner, the implementation of a smart user interface is and 
crucial part of  any electronics learning system. And now the 
third implementation of the Web is being drawn, describing 
the Internet as a global database managed by artificial 
intelligence. This all underlines the importance of intelligent 
electronic education systems and their smart user interfaces.  
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Abstract - In the paper Web 2.0 as a set of methods and 
techniques that encourage user participation and collaboration 
and result in the formation of communities that generate content 
or otherwise add value to a site is examined. The importance of 
these trends on sites and applications design is discussed. The 
emerging technologies and techniques and their impact on Rich 
Internet Application architecture are presented and they are 
used for educational portal designing. 
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I. WEB 2.0 APPLICATION CHARACTERISTICS 

The new generation of the web is already the platform 
which is using for educational and business purposes [1], [2], 
[3]. As the penetration of high-speed and broadband Internet 
access increases, web technologies continue to evolve to 
deliver new user experiences and increased application utility. 
The main six ideas beside Web 2.0 are ideas about 
collaboration, contribution and community formation: 
individual production and user generated content, harness the 
power of the crowd, data on an epic scale, architecture of 
participation, network effects, and openness. They reflect on 
Web 2.0 application design and development. Web 2.0 
applications possess new characteristics and they distinguish 
from previous generation of software by a wide number of 
principles. Web 2.0, applications are social and open and take 
full advantage of the network nature of the web as encourage 
active authoring and participation. Web 2.0 applications are 
service-oriented and allow creating, publishing, storing, 
sharing and remixing of data and information via blogs, wikis, 
audio/video recordings (podcasts/vidcasts), RSS syndication, 
tagging and social bookmarking, and creating social networks. 
Users are greatly facilitated by providing easy to use 
interfaces and mashup services.  

Carefully analysis of recent state of Web 2.0 is indicative of 
the following application characteristics: 
• Applications propose tools and services for authoring, 

automatically generation of permalinks, trackbacks, 
blogroll supporting (blog) 

• RSS/Atom syndication, possibilities for tagging and 
bookmarking, aggregation and feed reading 

• Multimedia sharing of audio/video files, presentations, 
images, podcasts, webcams 

• Tools and services for building professional and social 
networks  
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• Mashup services that pull together data from different 
sources to create new services  

• Services for tracking and filtering content that keep track 
of, filter, analyse and allow search of the growing 
amounts of Web 2.0 content  

• Collaborative reference works that are built using wiki-
like software tools 

• Replicate office-style software in the browser 
• Web 2.0 services reach for a wider range of clients than 

the PC browser, such as mobile phones, PDAs, game 
consoles 

• Web 2.0 applications are in perpetual beta, they are no 
longer released in version-based software packages, one 
version at a time, but are constantly refined and improved 

• Achievements of high-level functionality of software 
development by using development frameworks enable 
the creation of Web 2.0 services in a very limited amount 
of time.  

Training organizations are the most fertile grounds for 
encouraging the adoption of new technologies. Learners are 
interested in exploring new ideas and innovations, and 
educators are always on the lookout for new ways to engage 
their learners. Recently, the emerging technology as Rich 
Internet Applications has started to take off in the Web 2.0 
space, gaining traction in education. 

The aim of this paper is to discuss the Web 2.0 
characteristics and technologies in order to be examined the 
main concepts at new generation web application design and 
development. The architecture of educational portal is 
developed according to the behaviour model, communication 
model and characteristics of Rich Internet Applications.  

II. TECHNOLOGIES AND STANDARDS 

One of the key drivers of the development of Web 2.0 
applications is the emergence of a new generation of web 
related technologies and standards. Whereas in the past, 
software applications ran on the user’s computer, handled by a 
desktop operating system, under the web as platform, 
umbrella software services are run within the actual window 
of the browser, communicating with the network and remote 
servers. Browser technology has moved on to a new stage in 
its development through Rich Internet Applications (RIA) [4]. 
Several technologies are vying for acceptance as the de facto 
standard way to build RIAs: Asynchronous JavaScript and 
XML (Ajax), Java applets, REpresentational State Transfer 
(REST) architecture style, microformats, open Application 
Programme Interface (API), Flash, Microsoft Silverlight [5], 
[6], [7], [8].  
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Ajax uses a specific range of technologies such as: 
HTML/XHTML - a standards-based way of presenting 
information within the browser,Cascading Style Sheets (CSS), 
Document Object Model (DOM)- a way of dynamically 
controlling the document, XML-data interchange and 
manipulation, XSLT - data interchange and manipulation, 
XMLHttpRequest – asynchronous data retrieval from the 
server, JavaScript – binding this technologies together. 
Currently the main technology for delivering RIAs is Ajax, 
but there are some alternatives which are mainly based on 
Flash technology. Flash is still being used to deliver 
compelling content within the browser. 
Ajax and Flash: With Ajax, only small amounts of 
information pass to and from the server once the page has first 
been loaded. This allows a portion of a webpage to be 
dynamically reloaded in real time and creates the impression 
of richer applications with the kind of responsive interfaces 
that are commonly found in desktop applications. The need 
for browsers to adhere to existing standards is therefore 
becoming an important issue. With high speed internet 
connections becoming the norm, multimedia is also becoming 
a big part of Web 2.0. Sites are embedding video and sound, 
as well as using Adobe Flash to create multimedia 
experiences.  
REST: A further strand in the development of Web technology 
is the use of what are called lightweight or simplified 
programming models, which facilitate the creation of “loosely 
coupled” systems. They can be developed through usage of 
scripting languages such as Perl, Python, PHP and Ruby, and 
technologies such as RSS, Atom and a lightweight data-
interchange format JavaScript Object Notation (JSON). REST 
is not a standard, but describes an approach for a client/server, 
stateless architecture whose most obvious manifestation is the 
Web and which provides a simple communications interface 
using XML and HTTP. 
Microformats are widely used by web developers to embed 
semi-structured semantic information within an XHTML 
webpage. Information based on open data formats (a 
microformat) is buried within certain XHTML tags or 
attributes and it is not used by the browser for display or 
layout purposes but it can be picked up by applications such 
as search engines. 
API provides a mechanism for programmers to make use of 
the functionality of a set of modules without having access to 
the source code. An API that doesn’t require the programmer 
to license or pay royalties is often described as open. Such 
open APIs have helped Web 2.0 services develop rapidly and 
have facilitated the creation of mashups of data from various 
sources. 

III. THE RIA BEHAVIOR AND COMMUNICATION 
MODELS 

The RIA behavior model represents the principle elements 
and its performance and management as it is shown in Figure 
1. It presents a few behavioral outcomes that are relevant in 
the context of an interaction between a human user and a RIA. 
At the highest level, the model illustrates three major aspects, 
each of which influences application performance: the 

application’s design and usage environment, the user’s 
expectations and behavior, and the application’s behavior 
when used.  
If a Web browser is the simplest form of client engine, then 
the black arrows trace the flow of a traditional web page 
download. The user clicks on a link in the browser, the 
browser sends requests to one or more servers. Servers 
respond to client requests, and when enough of the requested 
content arrives on the client (in the browser cache), the 
browser displays it and the user can view it. The user’s 
experience of response time is the elapsed time of the entire 
process from click to view. In a traditional synchronous web 
application, this process repeats several times, because 
applications usually require an exchange of information.  

User 
actions

Usage context 
and 

environment

Application design Infra-
structure 

design

C
li

en
t e

ng
in

e 
ac

ti
on

s

think

abandon

U
se

r’
s 

ex
pe

ri
en

ce
 

of
 re

sp
on

se
 ti

m
e click

view
C

on
te

nt

abandon

Se
rv

er
 a

ct
io

ns memory

processors

database

Respond to 
client requests

requests

users

transactions

ht
tp

    
    

    
   

   
   

   
   

 tc
p/

ip

 
Fig. 1. The RIA Behavior Model 

Servers must field requests concurrently from many users. No 
matter how powerful the server, every concurrent user 
consumes a small share of the server’s resources: memory, 
processor, and database. Web servers can respond rapidly to 
stateless requests for information from many concurrent users, 
making catalog browsing a relatively fast and efficient 
activity. The number of concurrent transactions—server 
interactions that update a customer’s stored information—
plays a critical role in determining server performance.  
In the model, the grey arrows and the boxes labeled Users and 
Transactions indicate that server performance is strongly 
influenced by these concurrency factors. The RIAs (as 
indicated by the dotted lines in Figure 1) give application 
designers the flexibility to design applications that attempt to 
take account of such behavioral variables. 

Although implementations differ, all RIAs introduce an 
intermediate layer of logic— a client-side engine—between 
the user and the web server. Downloaded at the start of the 
session, the engine handles display changes and 
communicates with the server (Figure 2). Adding this layer 
allows developers to build web applications with 
characteristics described as “between the fat but rich 
client/server model and the thin but poor web based UI 
model” [9]. 
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Adding a client-side engine does not prevent an application 
from implementing the traditional synchronous 
communication style. But it also allows the user’s interaction 
with the application to happen asynchronously—independent 
of communication with the server. In a RIA:  information can 
be fetched from a server in anticipation of the user’s input; in 
response to an input, the screen can be updated incrementally 
instead of all at once; multiple user inputs can be validated 
and accumulated on the client before being sent to the server; 
responses to some user inputs can be generated without 
communicating with the server; processing previously 
handled by servers can be offloaded to the client desktop.  

Client Side

Server

Visualization

Engine

Web server

Server capacity

 
Fig. 2. The communication model of a RIA 

IV. EDUCATIONAL PORTAL DESIGN 

Web 2.0 proposes technologies with profound potential for 
inducing change in the education sector. In this, the possible 
realms of learning to be opened up by the catalytic effects of 
Web 2.0 technologies are attractive, allowing greater student 
independence and autonomy, greater collaboration, and 
increased pedagogic efficiency [10], [11], [12]. 

There are a number of ways to incorporate RIAs into the 
curriculum of training organizations. RIAs can capture 
learners’ imagination with some of the same technologies 
from applications such as: Facebook, YouTube, and Ning. 
Another key benefit of RIAs is providing flexibility to 
learners and enhancing their workflow both inside and outside 
the classroom. The biggest benefit of RIAs inside the 
classroom is the ability to augment current teaching 
techniques. 

With RIA technologies, educators not only can provide a 
rich, intuitive interface but also can give learners full control 
over data. Because RIAs can provide real time audio and 
video capability, the chance to enhance collaboration and 
classroom participation is significant – in form of distance 
learning, blended learning or learning in classroom.  RIAs 
also enable a better workflow for learners – working on 
projects at training organization laboratory, at library or at 
home their work is stored on a server somewhere so that 
learners can access it from any location. Also, RIA 
technologies allow in-browser, customizable replacements of 
Word, Excel, and other desktop applications. RIAs can also be 

deployed for multiple devices: the browser, the laptop, and 
even some limited functionality on the mobile phone which 
giving learners a flexible work solution means that they will 
be encouraged to interact and work on their projects. 

There are many unresolved problems and issues in Web 2.0 
and its usage in education. These include: tools and services 
for learning resources creation and modification by educators 
and students; data ownership; control over content; 
appropriate pedagogies for use with Web 2.0; how to assess 
material that may be collectively created and that is often 
open to ongoing change; how to organize learning 
environment [13], [14]. 

The right choice of tools and services is important for 
educators in order to organize and manage the learning 
process. Therefore the functional architecture of educational 
portal based on Web 2.0 concepts is developed and its areas 
are presented in Figure 3:  
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Fig. 3. Functional Architecture of Educational Portal 

1. Authoring Area: Learning design tools and services; media, 
documents and widgets creation tools and services; 
simulations and virtual world creation tools and services, 
Creative Common License for author rights protection  
2. Learning Management Area: eLearning 2.0 system; Social 
networks wich can be used for learning management; virtual 
world services like Second Life 
3. Performance Support Area: This area I organize as a 
Personal Learning Environment for Educators. Educators use 
tools and services to receive information, expert opinion, 
lifelong learning 
4.Research Area: Tools and services for reading, writing, 
publishing, analyzing and visualizing the research topics 
5.Communication Area: different possibilities for 
synchronous and asynchronous communications 
6.Social Network and Collaboration Area: for networking 
building and collaboration 
7.Storage Area: Web proposes many possibilities for media 
and document storage. 
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V. RIA DESIGN AND DEVELOPMENT TOOLKITS 
AND FRAMEWORKS 

There are several open source and commercial JavaScript 
and Ajax toolkits available to make creating Web 2.0 
applications faster and easier [15], by abstracting browser 
differences and providing base functions for event handling, 
Ajax interactions, data binding, graphic effects as well as rich, 
customizable user interface components: 
• Google Web Toolkit - 

http://code.google.com/webtoolkit/ - open source 
software 

• Yahoo User Interface Library - 
http://developer.yahoo.com/yui/ - free for use 

• Dojo - http://www.dojotoolkit.org/ - open source 
DHTML toolkit  

• Prototype - http://www.prototypejs.org/ - open source 
• Open Rico- http://openrico.org/ - open source 
• TIBCO General Interface -  

http://www.tibco.com/software/rich_internet_application/
default.jsp - open source 

• Zimbra Kabuki AJAX Toolkit -  
http://www.zimbra.com/community/kabuki_ajax_toolkit_
download.html - open source edition 

• IT Mill Toolkit - open source and commercial license 
http://www.itmill.com/itmill-toolkit/ 

• ZK - http://www.zkoss.org/ - open source 
• Echo - http://echo.nextapp.com/site/echo2 - open source 

licensed under the Mozilla Public License 
• Adobe Flex 2 

http://www.adobe.com/products/flex/ - 30 days trial 
• Ruby on Rails – open source framework 

http://www.rubyonrails.org/ 
Also, in addition to toolkits, there are Integrated 

Development Environments for Web 2.0 applications 
creation: Microsoft’s ASP.NET AJAX - free framework for 
developing Web 2.0 applications; Eclipse – Ajax tooling 
framework; IBM’s Rational Web Developer. 

VI. CONCLUSION 

In the paper the Web 2.0 software characteristics are 
analyzed. The technologies and architecture of RIA 
applications are explored. The findings lead to the tremendous 
creativity that can be put into RIAs which is a fantastic fit for 
educators who want to push the envelope in how they arrange 
activities and present content to their learners. The designed 
functional architecture of an educational portal is presented. 
The next step is its development via the RIA technologies 
using Ruby on Rails open source web framework, Apache 
server and MySQL database.  The portal is intended to offer 
tools and services for the bachelor degree students on the 
subject Internet Technologies. 

Apart from technological developments there are three 
significant challenges for education: (1) The crowd, and its 
power, will become more important as the web facilitates new 
communities and groups; (2) The growth in user- or self-
generated content, will challenge conventional thinking on 
who exactly does things, and who has knowledge; (3) There 
are profound intellectual property debates ahead as 
individuals, the public realm and corporations clash over 
ownership of the huge amounts of data that Web 2.0 is 
generating and the new ways of aggregating and processing it.  
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RegPod V2.0 – Remote Data Access in Registry Base 
Miloš M. Marinović1, Nenad V. Micaković1 

 
Abstract - From time to time, there is a need to collect some 

information from a number of computers, like version of pro-
gram packages or some information from registry database. This 
information is needed for some required system change or 
reports collecting. Modified solution of RegPod application, on 
very simple way shows required information, and based on that, 
user can plan further actions and solutions of given tasks. 
Comparing to Microsoft Regedit application, RegPod can collect 
data from multiple computers more then 20 times faster.Also, 
there are a few new options - program can be run with diff-
erential credentials and added HKDD registry hive. 
 

Keywords - Registry, data collection, RegPod v2.0  

I. INTRODUCTION 

Registry database can be defined as central hierarchical 
database used in Microsoft Windows 98, Windows CE, Win-
dows NT, and Windows 2000 used to store information that is 
necessary to configure the system for one or more users, app-
lications and hardware devices [3]. 

 
The Registry contains information that Windows continu-

ally references during operation, such as profiles for each 
user, the applications installed on the computer and the types 
of documents that each can create, property sheet settings for 
folders and application icons, what hardware exists on the sys-
tem, and the ports that are being used.  The Registry replaces 
most of the text-based .ini files that are used in Windows 3.x 
and MS-DOS configuration files, such as the Autoexec.bat 
and Config.sys. Although the Registry is common to several 
Windows operating systems, there are some differences amo-
ng them. 

 
A registry hive is a group of keys, sub keys, and values in 

the registry that has a set of supporting files that contain 
backups of its data. The supporting files for all hives except 
HKEY_CURRENT_USER are in the %SystemRoot%\Sys-
tem32\Config folder on Windows NT 4.0, Windows 2000, 
Windows XP, Windows Server 2003, and Windows Vista. 
The supporting files for HKEY_CURRENT_USER are in the 
%SystemRoot%\Profiles\Username folder. The file name ex-
tensions of the files in these folders indicate the type of data 
that they contain. Also, the lack of an extension may some-
times indicate the type of data that they contain. 

 
Predefined keys that operating system uses are [1,2]: 

 
 
 
 
 
     1 ProCredit Bank A.D., Svetozara Markovića 10, 18000 Niš, 
Serbia 

HKEY_CURRENT_USER 
Contains the root of the configuration information for the user 
who is currently logged on. The user's folders, screen colors, 
and Control Panel settings are stored here. This information is 
associated with the user's profile. This key is sometimes 
abbreviated as "HKCU". 
 
HKEY_LOCAL_MACHINE 
Contains configuration information particular to the computer 
(any user). This key is sometimes abbreviated as "HKLM". 
 
HKEY_CLASSES_ROOT 
The information that is stored here makes sure that the correct 
program opens when you open a file by using Windows 
Explorer. This key is sometimes abbreviated as "HKCR". 
 
HKEY_CURRENT_CONFIG 
Contains information about the hardware profile that is used 
by the local computer at system startup. 
 
HKEY_DYN_DATA 
Can be found on Windows 95/98/ME operating systems and 
contains information about Plug i Play hardware components. 

II. PROGRAM USAGE 

Figure 1 shows main form of program package RegPod ve-
rsion 2.0. In addition to version 1.0, this version brings redesi-
gned user interface with a new look and feel and makes it mo-
re intuitive, and simplier for use. Bellow menu line, are few 
fields for required data and start button.  
 

 
 

Fig. 1. Main form 
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Also, in this version of program package, menu line conta-
ins another item - ‘Logon as...’ There can be chosen username 
and password, to impersonate a user under which credentials 
the registry database is to be accessed. Options are ‘Current 
user’ and ‘Different user’. Dialog is shown on figure 2. 

 
 

Fig. 2. Username and password input form 
 

 
 

Fig. 3. Top level registry hives  
 

 
 

Fig. 4. Path to key value 

Figure 3 shows four fields for data input, that must be 
entered before required data collection. First field is combo 
box, which consists one of five top level registry. After top 
level registry key is choused, in ‘Path’ field, user has to enter 
rest of path to key which value has to be checked. This is 
shown on figure 4. After key path is entered, path to compu-
ters list is needed. That can be achieved on two ways. In 
‘Comps list’ field, user can type location to list or by pressing 
button, choose file with list of computers. File is regular text 
file that can be opened and changed with any textual editor, 
like Notepad.exe. This list is shown on figure 5. 

 
 

Fig. 5. List of computers 
 

After list of computers is finished, in the field ‘Results list' 
automatically will be created path to the list with results. Wo-
rd ‘_rezultat' will be added to the filename of result list and 
then the extension which has had original file. User can chan-
ge that default name of file. This is shown on figure 6. By pre-
ssing on the button ‘Start', program starts with collecting data. 

 
 

Fig. 6. Setting registry querying parameters: input file name 
which contains a list of computers to be queried and output 

file name which contains search results  
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User account under which credentials application is to be 
executed must have enough privileges to access registry da-
tabase on local computer as well as on a remote computers lis-
ted in the configuration file. If this is not fulfilled when app-
lication attempts to access a registry database an error will be 
raised. Furthermore, if application is to be used for querying 
remote computers then Remote Registry service have to be st-
arted on every computer listed in a configuration file in order 
to provide access to registry database on a remote computer. 
In order to simplify application usage it’s possible to query 
registry database on a selected computers under different user 
account credentials then one used for starting the application. 

Following is a sample of an output file created by appli-
cation. It contains a list of queried computers, and registry key 
value searched for, in this example an application version 
installed on them. Now, we can easily conclude that only two 
computers are up-to-date, one doesn’t have requested appli-
cation and that all other computers have old application ver-
sion installed on them. This example demonstrates that we can 
on a very easy and reliable way check huge number of compu-
ters in out local area network for some particular information 
stored in the registry database. 
 

 

III. CONCLUSION 

Software package RegPod v2.0 is the tool which can reduce 
time of data acquisitions from the Microsoft Windows registry 
base. This is very essentially, when it is about large systems, 
where is time necessary for obtaining such information and 
treating according to given results is very short. Comparing to 
Microsoft Regedit application, RegPod can collect data from 
multiple computers more then 20 times faster. This paper 
presents basic characteristic, as well as the basic form of 
program. Also, there are few requirements that need to be ful-
filled, like started ‘Remote Registry’ service. Program has be-
en developed in Visual Basic programming language and is 
very intuitive and simple for usage. With Microsoft Windows 
Regedit tools it’s possible to explore registry database of one 
computer at the time. RegPod advantages come out with large 
computer networks, since unlike Regedit approach RegPod 
uses configuration files to setup a set of computers which re-
gistry is to be explored at once. 

 
Fig. 7. Output file: Computers list with collected data 

 
This software package has been developed as a standard 

win32 application and it can be used on any Windows platfo-
rm. However, regarding windows security issues there are few 
prerequisites to be fulfilled in order to install and use applica-
tion properly. Except Regedit application, which comes with 
Microsoft operating systems, authors did not find similar app-
lication, which does some data collection as RegPod v2.0. Of 
course, that does not mean, that similar application does not 
exists. 
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Photovoltaic Optocouplers 
Elena N. Koleva1  

Abstract – The circuit possibilities of photovoltaic optocouplers 
will be considered. The circuits proposed can be used for 
increasing the generated photoelectromotive force, the generated 
photocurrent, the generated power, as well as for selecting the 
photovoltaic optocouplers in couples or fours. 

Keywords – Photovoltaic optocoupler, photoelectromotive 
force, photocell, photodiode 

I. INTRODUCTION 

The circuit possibilities of photovoltaic optocouplers will be 
considered. 

Photodiode optocouplers can operate in two modes – 
photodiode and photovoltaic. Within the photovoltaic mode 
the phodiode generate voltage, when it is illuminated by the 
LED.  

II. CIRCUIT WITH PHOTOVOLTAIC OPTOCOUPLERS 

When the photodiode is illuminated, the generated 
photoelectromotive force at idle running is Eq. 1:  

                              
D

ph
Tph I

I
E ln.ϕ≈                                        (1) 

where φт – temperature potential, φт  = кT/q = 25 mV (25°C),  
Iph – the photocurrent of the photodiode, ID – the dark current of 
the photodiode. 

The generated photoelectromotive force at the Si photodiode 
is about 0,5 V and the photocurrent depends on the area of the 
photodiode PN junction.  

A. To increase the generated photoelectromotive force, the 
photodiode and the photovoltaic optocoupler are connected in 
series – fig. 1. 

The total photocurrent in the circuit is equal to the 
photocurrent of the element of the lowest photocurrent, and the 
generated photoelectromotive force is Eq. 2:  
                                                                      (2) phph EnE .=Σ

where n – the number of the photodiodes of the photovoltaic 
optocoupler, connected in series. 

The power generated at the output is Eq. 3:  
                        PnIEnP phph ... ==Σ                      (3) 
where Р – the power of one photocell. 

 
Fig. 1 

The consumed input power is Eq. 4:  
                                  PF = n.UF.IF                                            (4) 

The efficiency is Eq. 5:  
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η            (5) 

B. To increase the photocurrent generated, the photocells of the 
photovoltaic optocoupler are connected in parallel – fig. 2.  

 
Fig. 2 1Elena N. Koleva is Ph. D., Department of Electronics, Technical

University – Gabrovo, Street “Hadji Dimiter” No. 4,  
5300 Gabrovo, Bulgaria, phone: +359 898 226 464,  
e-mail: elena_ndpt@yahoo.com  

 
The total generated photocurrent is Eq. 6:  
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where n is the number of th ocells of the photovoltaic 

                                          (7) 

C. The circuit in fig. 3 presents a mixed (series-parallel 

If n1 is the number of the photocells connected in series in 
on

                   (8) 

2                                 
                                         (9) 

            phph InI .=Σ                   (6) 

e phot
optocoupler, connected in parallel. The overall generated output 
power is Eq.7:  
                           phph EInP ..=Σ

connection) connection of the photocells.  

e module and n2 is the number of the modules connected in 
parallel, then the overall generated output power is Eq. 8 and 
Eq. 9:  
            phphphph IEnnInEnP ...... 2121 ==Σ

at  n1 = n
                        EnP ..2= phph IΣ

IF

O1

O2

O3

O4

 
Fig. 3 

D. The antidirectional connection in series of the optocoupler 
photocells is of particular interest – fig. 4.  

 

The photoelectromotive force and the photocurrents are 
subtracted – Eq. 10, Eq. 11, Eq. 12:  
                           21 phphph EEE −=Σ                               (10) 

                             21 phphph III −=Σ                                (11) 

        ( )( )2121 .. phphphphphph IIEEIEP −−== ΣΣΣ
        (12) 

The asymmetry of two photovoltaic optocouplers is 
investigated by this circuit. 

E. The antidirectional connection in parallel of the photocells 
of the ptotovoltaic optocouplers is shown in fig. 5.  

 
Fig. 5 

It can be written for the circuit – Eq.13, Eq. 14, Eq. 15:  
                                        21 phphph EEE −=Σ

                                 (13) 

                                         21 phphph III −=Σ
                                   (14) 

           ( )( )2121 . phphphph IIEEP −−=Σ                         (15) 

The circuit can be used to investigate the asymmetry of the 
photovoltaic optocouplers. By using a bridge circuit for 
connecting four photocells, the photovoltaic optocouplers can 
be selected in couples.  

These selected couples can be used for realizing differential 
phodiode optocouplers. 

F. In the circuit in fig 6 the couples О1 – О3, О2 – О4 are 
selected. 

Fig. 6 
Fig. 4 
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G. To select the photocells in fours, the proposed bridge circuit 
can be used as well – fig. 7. 

- Control of operational amplifiers; 
- Mains transformers; 
- Matching transformers and broadband transformers; 
- Current-voltage converters and current-current converters; 

Fig. 7 

- Power supply. 

III. CONCLUSION 

The circuits proposed can be used for increasing the 
generated photoelectromotive force, the generated 
photocurrent, the generated power, as well as for selecting the 
photovoltaic optocouplers in couples or fours. 
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Germanium Photo  
Detectors 

 
Pavlik Rahnev1,Silvija Letskovska1 

 
 

Abstract – The design and technology of Germanium based 
photo detectors are described. The main laboratory works are 
made using the system nGe – Metal(Ag) Schotky junction. The 
photo parameters are measured in the range of 0.6 – 2.0 
micrometer. 

 
Keywords – photo detectors, germanium, infrared detectors. 
 
 

I. INTRODUCTION 
 
 
Germanium is one of the first semiconductor materials for 

electron devises (p/n junctions). The distance between  
and ,  makes germanium suitable for photo 
detectors in infrared range of light - 

CE

VE 0.65EΔ = eV
0.8 mλ μ> [1]. Under 

cooling in liquid nitrogen germanium photo detectors can 
work up to 4 5 mλ μ= ÷  [2]. 

There are several types of germanium detectors: 
• Ge photo resistors; 
• Ge photodiodes; 
• Ge avalanche photodiodes – Fig. 1 [3, 4]. 

 

 
Fig. 1. Typical germanium avalanche photodiode. 

 
 

The last ones have the best parameters but very complicated 
technology. 

The advantages and disadvantages are connected with 
price, construction and the area of application. 

 
1Pavlik Rahnev is with of Burgas Free University, San Stefano 62, 

8000 Burgas, Bulgaria, rahnev@bfu.bg 
1Silviya Letskovsta is with of Burgas Free University, San Stefano 

62, 8000 Burgas, Bulgaria, silvia@bfu.bg 

The goal of this work are germanium photo detectors – 
resistors and diodes.  

The last ones are based on the system Ag – Ge which is not 
classical p/n junction but metal – semiconductors barrier. 

The samples have been prepared for student laboratory 
classes and for laboratory use. 

 
 

II. DESIGN AND TECHNOLOGY OF GE - PHOTO 
DETECTORS 

 
A. Germanium photo resistors 

 
The most popular construction of Ge photo resistors is a 

rectangular plate with two electrical contacts at the opposite 
ends -Fig. 2. 

 
1- Ge crystal – detectors; 2 – Ohm contacts; 
3 - External leads; 4 – Insulating substrate. 

 

Fig. 2. 
 

The nominal value of the resistance (  without 
light) can be calculated as 

020T = C
A0 GeR ρ=  (where A is coefficient 

of the geometry). 
The germanium used in the experiments are crystals (size 

0.4 0.1b cm× ×
0.1 10 ohm

), n - type and specific resistance - 
.cmρ = ÷ . 

hν 

Antireflection 
coating (SiN) 

guarding p(Be) Channel 
stop n(As)  

Electrode 

30 mμ

n-type 

hν 
1 

2 

3 
4 

0.4 mm 
b 

0.1 mm 

Ge crystal-detectors 
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It is clear (Table 1) that the nominal values of  are 
between 10 . 

0R
8000 ohms÷ Ge wafer Preparation of 

the substrate 
The electrical (ohm) contacts are made using eutectic Au – 

Ge plus Sb. Etching the 
holes in Ge 

9 

 
TABLE I. 

VALUES OF  (OHMS) 0R
 

Making Au-Ge 
contacts 

b(cm) ρ  
(ohm.cm) 0.05 0.1 0.2 0.4 

0.1 80 40 20 10 
0.2 160 80 40 20 
0.5 400 200 100 50 
1.0 800 400 200 100 
2.0 1000 800 400 200 
5.0 4000 2000 1000 500 

10.0 8000 4000 2000 1000 

Cutting the 
wafer 

Attachment Ge+Ag on 
substrate 

 
 
B. Germanium Schotky photodiodes 
 
The cross - section of germanium Schotky photo diodes is 

shown on Fig. 3: 
Measurement and 

control 

 
Fig. 3. 

 
Usually, it is considered that Ge – Ag barrier is “sharp” p/n 

junction and parameters such as BRU , SI  and  will depend 
only on Ge properties 

OC

( )ρ . It could be calculated that 
0.6183.4BRU ρ= . The technology consist next important steps 

- Fig. 4: 
 

III. CONCLUSION 
 

The measurements of so prepared photo detectors show that 
the response in infrared light is sufficient for laboratory use 
and student education - Fig. 5. 

 
 

Fig. 4.Ge – Ag photo detectors fabrication. 
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A Simple FPGA/PLL Based Protocol Converter 
for Serial Data Transmission 

Boris Radin1, Pavle Savković2, Dušan Majstorović3, Branislav Atlagić4, Saša Vukosavljev5 

 
Abstract – This paper describes a design of simple protocol 

converter based on FPGA and PLL circuitry used for serial data 
transmission between data acquisition unit and solid state data 
recorder. Such converters are often employed in telemetry and 
data acquisition systems when communication link must be 
established between components running different 
communication protocols. Main aspects of this design are 
simplicity and reliability. 
 

Keywords – FPGA, PLL, synchronizer, protocol converter 

I. INTRODUCTION 

Typical data acquisition or telemetry system contains a 
number of transducers used for measurement of various 
process parameters. Transducers are usually connected to an 
acquisition unit which outputs a stream of measured data 
properly formatted according to standard applied. Data can be 
processed/stored locally, or transmitted to a remote location 
for further processing. Sometimes there is a need for 
equipment replacement, for instance obsolete tape recorders 
with new solid state models. New equipment is rarely 
compatible with existing solutions, therefore some sort of 
interface equipment (operating as protocol converters) are 
required. The protocol converter described in this paper was 
designed in order to provide direct connection between data 
acquisition unit running subset of IRIG-106 protocol, and 
solid state data recorder compatible with ARINC 573/717, 
Fig. 1. 
 

 

Fig. 1. The protocol converter in data acquisition system 
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Computer Engineering and Communications, Fruškogorska 11a, 
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E-mail: Dusan.Majstorovic@krt.neobee.net  
E-mail: Branislav.Atlagic@krt.neobee.net 
E-mail: Sasa.Vukosavljev@krt.neobee.net 

II. SYSTEM STRUCTURE 

Output from the acquisition unit is uniform synchronous 
data flow consisting of 13-bit words (12-bit words with 
additional parity bit). On the physical level this was realized 
with 3 digital signals having TTL levels – WS (Word Strobe), 
CLK (Clock) and input data, as depicted on Fig. 2. Words 
were packed in subframes and frames according to IRIG-106 
standard, but this issue was not relevant since data recorder in 
question operated as plane bit-recorder. Also, the software 
used to retrieve recorded data took advantage of the frame 
structure.  
 

 
Fig. 2. Relation between input and output bit stream 

 
The data recorder required 12-bit words with Harvard Bi-

Phase coding and no parity information, Fig. 3. Both units 
could operate on various speeds (words per second, or WPS), 
but only three were found to be relevant for the application – 
1024 WPS, 2048 WPS and 4096 WPS. Therefore, the main 
task for the converter was to accept 13-bit words via 3-wire 
PCM interface, remove parity bit and retransmit the data in 
Harvard Bi-Phase code maintaining constant word-rate. 
 

 
Fig. 3. Harvard Bi-Phase coding example 

 
Protocol conversion based on words, not on the frames and 

subframes, brought in simplicity and generality. Besides, it 
was required to design the converter to be the most compact in 
order to fit the environment. Therefore the decision was made 
to base the design upon single FPGA with small number of 
additional integrated circuits (buffers and level translators).  
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In order to verify proper operation of data recorder, a 
special test mode of operation was introduced. In this mode no 
acquisition unit is required since protocol converter itself acts 
as a data source, Fig. 4. A predefined data pattern containing 
one full frame could be loaded into the internal FPGA 
memory, and repeatedly transmitted towards the data recorder 
at various word-rates. Also, optional pattern generator based 
upon counters could be used instead. Both methods allowed 
large amounts of known data to be recorded and subsequently 
retrieved for validation. Large data blocks up to 109 bits were 
written and read out with no errors detected. As a timing 
reference, an external crystal-controlled oscillator was used. 
Standard operating frequency of 6144kHz was chosen since it 
is integer multiplier of highest bit-rate in use (12*4096 Hz). 

 

 
Fig. 4. The converter in test-mode 

 
In full mode of operation the converter accepts serial data 

from acquisition unit in a synchronous manner, using 
incoming clock (receiver block on Fig. 5). Input data is 
sampled on falling edge of the clock signal, Fig. 2, which is 
positioned in the middle of every bit-interval thus providing 
very reliable operation. Individual bits are packed together 
and 12-bit words are clocked into resynchronization network 
at the word boundary (falling edge of WS signal, Fig. 2). 
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Fig. 5. The converter in full operation 
 

The task of resynchronization network is to provide data 
integrity while crossing the boundary between two clock 

domains – input clock and output clock (CLK and PCLK on 
Fig. 2 respectively). It contains 12-bit register to hold the data 
word through whole word-period until it is acquired by 12-bit 
parallel-to-serial shift register and shifted out serially by 
PCLK. Besides, it contains a sequence of thirteen edge-
triggered flip-flops and additional logic used for 
synchronization and verification. Any underrun or overrun 
error is detected and flagged-out to the user. 
 

Output data stream is controlled by PCLK signal generated 
by a external PLL (Fig. 5). It multiplies the frequency of it’s 
reference input (signal WS) by 12 thus providing effective 
12/13 ratio compared to input CLK signal. In order to narrow 
the output frequency range of the PLL with changes of input 
WS frequency from 1024Hz to 4096Hz, a pair of digital 
dividers was used (dividers N and M in Fig. 5). Their values 
(12/24/48 for N and 1/2/4 for M) are chosen according to 
incoming bit-rate. Thus constant PCLK frequency of 638976 
Hz is maintained for all three input frequencies, providing 
low-jitter clock source with correct frequency, locked to the 
input.  
 

The method used to provide reliable boundary crossing 
between clock domains was delay. With each new word 
clocked into resynchronization network a single bit ‘1’ is 
propagated through flip-flop chain by CLK. Output of the 
fourth flip-flop in chain is resynchronized to PCLK with 
simple double flip-flop synchronizer and used to transfer the 
word from internal register to output parallel/serial shift 
register, Fig. 2. This transfer takes place near the middle of 
the word period, thus making the transmission immune to 
jitter accumulated on PCLK signal. Synchronization sequence 
described above occurs only once, when first word enters 
resynchronization network. After that, every boundary 
crossing is periodic and controlled by dividers clocked by 
PCLK, making proper operation dependant upon PLL locking.  

III. CONCLUSION 

The fully assembled unit was subject of thorough 
examination. With consistent input data stream an error-free 
operation was obtained with data blocks exceeding 109 bits. 
Fully digital design and careful synchronization techniques 
allowed excellent performance with data buffer equal to single 
word. The only weak point in the design is PLL that must be 
properly shielded against external electromagnetic fields. 
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GPS/INS Vehicle Event Data Recorder 
Rosen G. Miletiev1, Emil Iv. Iontchev2, Rumen Arnaudov3 

 

Abstract: The combination of the inertial micromechanical 
sensors, GPS receivers, MMC/SD card and suitable PC interface 
allows construction of event data recorders (EDR) for vehicles 
and cargo. The motion data are written continuously and experts 
could reproduce the road situation by a virtual reality at the 
road accidents. The proposed system is capable to update the 
navigation data (1Hz) and inertial data (up to 2560Hz).   

Keywords: GPS, micromechanical sensors, event data recorder 
(EDR) 

I. INTRODUCTION 

EDRs were originally intended to record what caused air 
bags to open. The data that triggers the air bag often tells the 
story of what happened in the seconds before crash. Using this 
data, insurance agents and police officers could reconstruct 
the events leading up to the crash. The EDR senses various 
conditions in and around the vehicle and the data could be 
analyzed subsequently. 

 EDRs record the following data [1]: vehicle speed, engine 
speed, brake status, throttle position, state of driver's seat belt 
switch, passenger's airbag, IR warning lamp status, time from 
vehicle impact to airbag deployment, ignition cycle count at 
event time, ignition cycle count at investigation, maximum 
velocity for near-deployment event, velocity vs. time for 
frontal airbag deployment event, time from vehicle impact to 
time of maximum velocity, time EDR related technologies 
include retrieving, gathering, and storing objective data which 
may improve highway efficiency, mobility, productivity and 
environmental quality by providing compelling evidence of 
the types of crashes, the role of human error, systems 
engineering and systems integration issues between near-
deploy and deploy event.  

One of the main systems of EDR is the inertial system 
(INS). The Micro-Electro-Mechanical Sensors (MEMS) 
accelerometers and gyroscopes are both sensors which can 
perfectly address to active safety systems in the automotive 
domain. MEMS sensors allows instantaneous detection of any 
information used by those functions, with a high level of 
precision and accuracy, with a very low impact in term of 
 

 
1Rosen G. Miletiev is with the The Faculty of Communications 

and Communications Technologies, Technical University of Sofia, 
Bulgaria, E-mail: miletiev@tu-sofia.bg 

2Emil Iv. Iontchev is with the Departament of Material Handling 
and Construction Machines, Higher Scool Of Transport “T. 
Kableshkov” Sofia, Bulgaria, E-mail: e_iontchev@yahoo.com 

3Rumen Arnaudov is with the The Faculty of Communications 
and Communications Technologies, Technical University of Sofia, 
Bulgaria, E-mail: ra@tu-sofia.bg 

space, together with high level of integration with other 
systems. 

Integrated an INS with a Global Positioning System (GPS) 
in one device the accuracy and the reliability increase. 
Kalman filtering is the basis for correcting the INS with GPS 
measurements  of satellite range and range-rate [2]. At the 
same time, the INS provides smooth and accurate short-term 
measurements of acceleration and velocity that can be used to 
aid GPS receiver code and carrier tracking.  

The proposed system measures some of parameters witch 
EDR really picks, this are the acceleration of three axes, 
angular rate and data from GPS receiver - velocity over the 
ground, course over the ground and geographic coordinates in 
ECEF system. 

II. EDR TEST 

The system architecture, the accelerometer design and the 
proposed operational algorithm is described in out previous 
work [3]. In order to demonstrate the values of signals from 
device were made some tests. The device was mounted 
approximately on the middle a bottom a car. The collecting 
data from each test are processed in Matlab with suitable 
program. The directions of the MEMS sensors axis are shown 
at Figure 1.  

 

Fig.1. Inertial axis orientation 

The EDR system test results are shown at Fig.2 as follows: 
(a) test track view 
(b) course graphics in degrees (according to NMEA) 
(c) test speed curve in km/h 
(d) System temperature in degrees Celsius 
(e) X acceleration values vs G force 
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Fig.2. Test road results 
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(f) Y acceleration values vs G force 
(g) Z acceleration values vs G force 
(h) Angular acceleration values in deg/s 
 

The obtained EDR results are processing to calculate the 
critical points, where the preliminarily defined values are 
exceeded. These boundary values are defined as follows: 

• |Xmax|/g = 0,30 
• |Ymax|/g = 0,30 
• |Zmax|/g = 0,35 
• |Gmax| = 30deg/s 

The processed critical points are shown at Fig.3. 
 

2321 2321.5 2322 2322.5 2323 2323.5 2324
4238

4238.5

4239

4239.5

4240

NMEA Longitude

N
M

EA
 L

at
itu

de

←
 X

=-
0.

30
37

1

←
 Y=-0.35547

←
 Y=-0.3584

←
 Z

=1
.4

16

←
 G

=3
0.

24
39

 
Fig.3. Processed critical points 

 
The shown markers determined the position of the critical 

points and the critical values. It is clearly visible that the EDR 
system detects all dangerous curves driving (Y or Angular 
acceleration over limit values), the critical stops (X 
acceleration over limit) or vertical accelerations (Z axis 
value). In these points the speed and the vector movement 
may be obtained from the processed data and the complete 
object moving picture may be build. 

 

 

 

 

 

 

 

 

III. CONCLUSION 

The used GPS receivers allow specifying the object 
location with very high precision, which is completely 
sufficient to solve the complex transportation tasks. In the 
presence of the optional inertial module the system solves the 
complex analysis of the moving object state – brake system 
status, vibrations, risky driving, etc.  Therefore, the system 
may be used as a base for automatic obtaining of the actual 
information, formation of the statistic database, which 
described the transport traffic, optimal transportation routes 
calculation and optimal traffic management. 

REFERENCES 

[1] Kowalick Tom, Chair of the IEEE 1616 Working Group, 
mvedr@ieee.org, Standardized Event Data Recorders for 
Crashes Promise to Improve Highway Safety 

[2] Grewal M.S., Weil L.R., Andrews A.P. Global Positioning 
Systems, Inertial navigation, and Integration, John Willey & 
Sons, Inc., 2001 

[3] Miletiev R.G., Arnaudov R.I. - "GPS/INS automotive tracking 
system," Proceeding of XLII International Scientific Conference 
Information, Communication and Energy systems and 
technologies ICEST'2007, Ohrid, 2007, 24-27 May, vol.1, 
pp.333 
 
 
 
 

614 

mailto:mvedr@ieee.org


 

Low Frequency Measurement 
and Control of the Load Impedance 

Plamen A. Angelov1 
 

Abstract – The measuring and control of the load impedance in 
HiFi audio range has often been accompanied by many 
difficulties. Most of the well-known methods of analysis and 
design of low frequency amplifiers do not read the impedance 
character but they read only the load as active impedance. It is 
well-known, from the common theory, that while changing the 
frequency of a dynamic system, its characterizations are changed 
too. That’s why the present article is aimed to explore the 
impedance characterization of a speaker where in the system is 
set intelligent feedback for control and linearization of the 
parameters of the separate modules.  

Keywords – Measuring, control of impedance, frequency, 
resonance. 

I. TASK OF THE ARTICLE 

Very often the research of the load impedance of a speaker 
has been a serious challenge for the buffering of the 
amplifiers. The change of the impedance with the change of 
the working frequency is the reason for occurring of non-
linearities and not buffering correctly at the outlet. The 
frequency characteristic of the impedance is of basic 
importance for the linear and key audio stages. This article 
looks at the question of measuring and qualification of the 
non-linear in the impedance characteristics and together with 
it uses a specialized audio controller in order to decrease to 
minimum the influence of the test system. This is achieved at 
some stages of measuring - a. Measuring and calibration of 
the device; b. Measuring the impedance characteristics of a 
certain audio amplifier. For exploring the qualities of this 
resonant system, we use current amplifier in advance and in 
this way coordination is achieved between the sample signals 
from the testing generator and the ones directed to the load [1-
4]. In order to linearize to a maximum extent the 
characteristics of exploration, the intelligent reverse 
connection is used. With its help, in a regime of calibration, 
the correction of the non-linearity of the system is achieved. 
The general block scheme of a measurer is shown on 
picture.1.  

The way of measuring with this scheme requires calibration 
in advance with an opportunity for a smooth management of 
the frequency of the etalon generator.  
А) calibration of the measurer: 

In a regime of calibration, the output of the system is 
connected to “power ground”. 

1 Plamen A. Angelov is with the Faculty of Computer Science and 
Engineering, Burgras Free University, 62 Sam Stefano Str., Burrgas-
8001, Bulgaria, E-mail: plml@abv.bg 

 
Picture.1. General measuring structure 

 
After setting the system to such a regime, the 

microcontroller tests the linearity at the output and if 
necessary additional corrections to the input current amplifier 
or to the test generator are introduced- only in case such a set 
is possible. If during the calibration time the set parameters 
for output signal are not reached, a warning for a change of 
the test generator is issued. 
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Picture.2. Principle scheme of exploration 

615 



B) Regime of exploring of the impedance characteristics: 
Once the system is successfully calibrated, it is necessary to 

switch at the output the explored amplifier.During the process 
of exploring, changes of the parameters of the test generator 
are not recommended. 
In case it is necessary, the measuring system should be 
calibrated again. 

Way of work and description of the materials used: 
On picture 2 we use sample resistance which helps us 

restrict the maximum power running through the explored 
load. A signal from a generator is given to a transistor Q1 
which increases the signal over the power. The input consists 
of a condenser C2 which plays the role of a galvanic result 
between the constant and changeable input component. In 
most cases, apart from the power-changing result, this 
condenser takes part in determining the frequency band. It 
also influences the non-linear distortions adjusted by the step. 
In order to decrease this influence to the minimum, the 
condenser is chosen with minimum loses and a working 
temperature 1050 [C]. The group of the resistance R1, R2, R3 
and the transistor Q1 comprise the current amplifier. The 
condenser C1 filters the input voltage. 

The block scheme is shown on picture 2. 

II. DESIGN AND ANALYSIS 

In order to project this model we should give the following 
initial terms. 

• The system is linear and does not need additional 
adjusting-that is to say the regulated voltage source is  
Udc=0 [V]; 

• Switching on the microcontroller system to the 
output system (jumper J2) does not change the 
parameters of the system. 

• Designing of the output divisor of voltage. The 
voltage from the amplifier of power is Uin=9V.I 
choose the power through the transistor collector 
Ic=0.2A 

• Determining the value of the base resistor Rt 
The extent of the resistor R3 is determined by the expression:  
[1] Rt=Ut/Id [Ω] 
After substituting we get: 

Rt=1/0.2 = 5 [Ω] 

We choose the standard value Rt = 4 [Ω] 
Determining the value of the load resistor R4 
The extent of the resistor R4  is determined by the expression:  
[2] R3=(Uin-Ut)/Id [Ω] 
After substituting we get: 
R3=(9-1)/0.2 = 40[Ω] 
We choose the standard value R3 = 47 [Ω] 

- Determining the extent of the separating 
capacitors C2 и C3: 

 
 The extent of the capacitance is received by the expression: 
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6

2

2
2

32

10.84,2
11,0.560.100.14,3.2

1
1.Re..2

1

−=
−

=

=
−

==
Mfn

CC
π

[F]  

 
we choose the standard value C2 = C3 = 10 [uF] 

 
- Setting the extent of the collector current Ik: 

Ik=300mA 

Vin
9V 1kHz
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47 LS

4
GND
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Id

 
Picture.3. Amplifier  circuit and sample load 

 
-Determining the extent of the base current Ib: 

The extent of the base current IB is determined by the 
expression:  

[4] 
β
C

B
II = [A] 

After substituting we get: 

][4.0
750

10.300 3

mAII C
B ==

β
=

−

  

  
-Determining the extent of a source voltage for 
powering the transistor Т1 picture 4. The source 
voltage is Uз=12V.The voltage to the transistor is 
Uт=11.2V. I choose the current through Id=0.02 [A] 

 
The extent of the resistor R2 is determined by the expression:  
[5] R2=UТ/Id [Ω] 
After substituting we get: 

R2=11,2/0,02[Ω] 

We choose the standard value R2 = 560 [Ω] 
 
- Determining the value of resistor R1 

The extent of the resistor R1 is determined by the expression:  
[6] R1=(Uз-UТ)/Id [Ω] 
After substituting we get: 

R1=(12-11,2)/ 0,02=40[Ω] 
We choose the standard value R1 = 47 [Ω] 
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Picture.4. A voltage divisor for transistor powering 
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III. EXPERIMENT RESULT 

The ex n the basis of 
a schem

e certain kind of measuring [4] th  
vo

plored experiment results were made o
e from picture 2 

Test point 1: 
The input signal from the generator comes to a control 

po ing on thint 1:-depend is
ltage is kept a constant at the two bordering values Uin1=10 

[V]; Uin2=100  [mV] which is made with the help of the 
micro-controller system; 

Test point 2: 
The input signal at test point 2 is amplified by current from 

th 1, and te transistor Q he input voltage of the divisor 
co

[mV] (k.т. 2) and frequency range f=0.1÷0.9kHz  

nsisting of R3 the measured speaker: U=6 [V] is measured; 
Test point 3: 
At test point 3 we explore the voltage change of the power 

load. 
The performed experiments with a change of the input 

frequency and preserving the input frequency of the divisor 
[4] (U=100 [mV]) consisting of R3 and the amplifier which is 
measured. The results of this measuring are shown in a table 
and graphics.The data from tables 1 to 5 are shown in graphic 
2.  

 
• Voltage change in point 3 at input level Uin=100 

table.1. 

F [kHz] 0,1 0,2 0,3 0,4 0,45 
U [mV] 109 110 126 126 126 
F [kHz] 0,5 0,6 0,7 0,8 0,9 
U [mV] 127 127 127 127 137 
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Graphic 2 Frequency dependence of the measured voltage over the 

load 
 
In table 6 and picture 3 is shown the mechanic resonance of 
the speaker. 

F [kHz] 400 500 531 543 
U [mV] 850 840 830 810 
F [kHz] 586 61 627 653 1 
U [mV] 820 830 840 850 

 

 
Graphic 3 Graphic showing the change in the area of the low 
frequency when presenting the speaker which is explored as a 

consecutive trembling circle 
 

From the analys ormed so far, we 
can make the following import  conclusions: 
1.Exploring the characteristics of the loudspeaker system –
amplifier i
2. Bufferi  the load by the 
cu

IV. CONCLUSION 

is and the experiments perf
ant

n  HiFi frequency range; 
ng of the explored source with

rrent amplifier, the use of such an amplifier is conformed 
with the frequency band of exploration, and as an addition is 
used a component transistor and a micro controlling system; 
3. The loudspeaker parameters of the amplifier directly 
depend on the power applied on it; 
4. In any electro mechanic structure there is mechanic 
loudspeaker whose reach or passing through it in the area of 
the low frequency is limited by a sample resisting load; 

F [kHz] 1 1,5 2 2,5 3 
U [mV] 137 157 178 178 178 
F [kHz] 3 3,5 4 4,5 5 
U [mV] 198 198 208 216 218 

F [kHz] 5,6 6 6,5 7 7,5 
U [mV] 220 220 231 231 239 
F [kHz] 8 8 9,5 9 ,5 10 
U [mV] 239 245 248 248 257 

F [kHz] 10 11 12 13 14 
U [

F [kHz] 19 20 25 30 40  
U [mV] 290 290 300 315 329 

mV] 257 257 257 254 273 
F [kHz] 15 16 17 18 19 
U [mV] 273 273 273 282 282 
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gnal which makes if suitable for 
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[1] Angelov Pl.„Exploring the frequency non-linearity in the 
characteristics of an ce Conference with 
international participat  

[3] 
[4] dir=ew  

einfo&doc_id=10

 

5. The power of exploring is limited and is different for the 
type of amplifier which is explored; 
6.There is a chance the explored data of the amplifier to be 
visualized by figures of ‘Lisaju’ without using the unwrapping 
of the electronic oscilloscope; 
7. The practical explorations being made, show much 
loudspeaker system and the adjusted
characteristics: F = Z (f). 

The present research suggests a practical way to achieve a 
programmed time delay. A s
signal level has been introduced in order to limit the 
amplitude. This kind of stabilization does not produce a large 
harmonic distortion in the si

e Hi-Fi sound range. The enclosed simulation result show 
the principle of work and what has already been achieved By 
the project. 
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Intelligent Visualization of Total Harmonic Distortion in 
Frequency up to 10kHz 

Plamen A. Angelov1, Mihail B. Momchedgikov2 

Abstract – The measurement and control of the non-linear 
distortion has always been a challenge with the qualitative 
reproduction of the audio signal. There are many methods and 
ways to determine the bad signal level. Some of the methods 
suggest filter separation of the useful signal and preserve only 
the unwonted distortion value. It is impossible to make a 
qualitative assessment of the distortion by this method. The 
present article deals with the qualitative assessment of the signal 
at the time of its optimal reproduction within the whole 
frequency range f=20 [Hz] – 10 [kHz]. This article shows 
continuance of my work on the composition. The first article 
(published in conference Electronics 2005) analyzes the problem 
without using the microcontroller system. 
 

Keywords – Intelligent visualization, measuring, harmonic 
distortion, phase corrector. 

I. TASK OF THE ARTICLE 

The general block scheme of the suggested measuring 
device of non-linear distortion is shown on fig.1. 

 
 

The method does not filter the input signal and has been 
known through Akulpiev’s invention. A non-linear distortion 
assessment with this method is made trough the graphic 
comparison of the two signals. To set a similar interrelation if 
is necessary to introduce a model signal and to separate the 
non-linear distortion signal. This is achieved when we 
compare two levels of the signals which are simultaneously 
transmitted to a substractor. The substractor in turn sends out 
the signals, transmitted to both its entrances.  

 
 
1Plamen A. Angelov is with the Faculty of Computer Science and 

Engineering, Burgras Free University, 62 Sam Stefano Str., Burrgas-
8001, Bulgaria, E-mail: plml@abv.bg 

2Mihail B. Momchedgikov is with the Faculty of 
telecommunication, Technical University of Sofia, 8 Kliment 
Ohridski Str., Sofia-1000, Bulgaria, E-mail: momche@abv.bg 

 

To get only a harmonic distortion output signal in the 
substractor if is necessary ad it’s both entrances for the signals 
to have the same phase and amplitude. This is easily achieved 
with model signals but what would happen if one of them had 
non-linear distortion? In this case the device well get only a 
non-linear distortion output signal. Now let’s look at the 
principle scheme of the device. 
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Fig.1. Bloc schematic 

 
Fig.2. Graphical measurement with Microcontroller TDH v.1. 
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Graphic visualization of non-linear distortion.  
A way to measure the THD graphically is shown on Fig.2. 
The measurement and according to this scheme is optimal 

for the frequency range f=20 [Hz] – 10 [kHz] in the following 
order: 
- calibration of the device – switch SW1 is in the suggested 
position and the input signal of the generator is transmitted 
simultaneously to channel “X” and channel “Y” of the 
electronics oscilloscope. The signal, transmitted to channel 
“Y” has a changed phase (group C1, R2 and the chosen 
capacity C2-5). Amplitude correction is achieved by variable 
impedance RP1 (rough regulation) and RP3 (precise 
regulation). This the signal in switch SW2 goes to the non-
inverting entrance of U1A. A signal to this second entrance is 
transmitted by chain R3, R9. Operation amplifier U1A in this 
case functions as a substractor i.e. it sends out its defense 
input signals. Calibration is achieved when the signals 
transmitted to the two entrances of the substractor are equal in 
amplitude and phase. Only in this case the output voltage to 
channel “Y” of the electronic scope will be equal to zero. 
Then the device is calibrated. This method allows for the 
usage of signal generators with lower technical requirements. 
They are calibrated the basic of this scheme. 

- measurement of the non-linear distortion coefficient – the 
measurement is made after we have already calibrated the 
device and we turn switch SW1 to position two. In this case 
the input generator signal goes to the entrance of a measured 
low-frequency amplifier. Load impedance Z=4/8 [Ω] is 
connect to the output of this amplifier. The output signal in 
SW1 is transmitted to the second entrance of substractor U1A. 
We again compensate for the amplitude by RP1 and RP3 
without changing the phase of the signal. When the amplitude 
is leveled only the non linear distortion signals well be seen 
the scope screen. A shortcoming of the suggested scheme is 
the non-linear phase regulation in the input generator and the 
hi-value of variable capacity C1. 

The simulation results of this kind of phase regulation are 
shown on Fig.3. To avoid this basic shortcoming we correct 
the scheme in the way shown on Fig.5. 

Fig.3. Phase correction v.1. 
 

Here the phase correction group has been replaced by 
operation amplifier which compensates for the amplitude 
reduction and regulates the phase trough controlled impedance 
RP1. The simulation results are shown on Fig.4. To make this 
scheme universal there is a switch regulation of the phase in 
the different research stages.  The amplitude regulation in its 
turn is achieved trough a linear regulation group, which is 
restricted to the study of output power Pout = 200 [W] of the 

investigated stage with load impedance Zt = 4 [Ω]. In the 
scheme there is an additional inversion of the signal before it 
is transmitted to the substractor (difference operation 
amplifier). In this way we can study the functioning of both an 
inverting and non-inverting power amplifier. 

 

Fig.4. Phase correction v.2. 
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Fig.5. Graphical measurement with Microcontroller TDH v.1. 
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II. TEST THE PROJECT EXPERIMENTAL RESULT 
OF THE MEASUREMENT OF THE TOTAL 

HARMONIC DISTORTION (THD) 
All experimental result of TDA7294 with load impedance 

Z=4[Ω] and output power within the limit of Pout = 50 [W] – 
100 [W]. 

10MS/s

HLD:200mV= HLD:200mV~ XY

Uin=0.7 [V]
Pout=49 [W]

THD=1%
 

Fig.6.4. Experimental result of the measurement of the THD – 
Uin=1[V], Pout=100[W], THD=9[%] 

III. CONCLUSION 

The present research suggests a practical way to achieve a 
programmed time delay. A system to suppress the output 
signal level has been introduced in order to limit the 
amplitude. This kind of stabilization does not produce a large 
harmonic distortion in the signal which makes if suitable for 
the Hi-Fi sound range. The enclosed simulation result show 
the principle of work and what has already been achieved By 
the project. 

Fig.6.1. Experimental result of the measurement of the THD – 
Uin=0.7[V], Pout=49[W], THD=1[%] 

 

10MS/s

HLD:200mV= HLD:200mV~ XY

Uin=0.8 [V]
Pout=68 [W]

THD=5%
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Under the joint language editing of assistant professor in 
English Dimitar Binev 

Fig.6.2. Experimental result of the measurement of the THD – 
Uin=0.8[V], Pout=68[W], THD=5[%] 

 

10MS/s

HLD:200mV= HLD:200mV~ XY

Uin=0.9 [V]
Pout=81 [W]

THD=8%  

 
 

Fig.6.3. Experimental result of the measurement of the THD – 
Uin=0.9[V], Pout=81[W], THD=8[%] 
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Effect of Electrodes Geometry on Self-Organization of 
Microdischarges in Dielectric Barrier Discharge 

Peter D. Dineff1, Dilyana N. Gospodinova2, and Momchil G. Shopov3 

 
Abstract – Although self-organization of microdischarges in 

dielectric barrier discharges was intensively studied during the 
last century, the effect of electrodes geometry, or the interaction 
between microdischarges and their own current’s magnetic field, 
discussed in this paper, has been revealed only recently. It is 
responsible for the formation of very different microdischarge 
patterns, volt-ampere characteristics, and critical parameters.  

Keywords – dielectric barrier discharge, microdischarges, volt-
ampere characteristic, critical parameters, burning voltage. 

I. INTRODUCTION 

There has been considerable interest in non-thermal 
atmospheric pressure discharges plasma over the past 
decade due to the increased number of its industrial 
applications. Diverse applications demand a solid physical 
and chemical understanding of the operational principals of 
such discharges, [1]. 

In contrast to a glow-discharge, the dielectric barrier 
discharges (DBDs), at low frequency and atmospheric pres-
sure, consist of a large number of bright filaments distributed 
in the discharge gap, so called “families” of microdischarges. 
These filaments are actually microdischarges that repeatedly 
strike at the same place as the polarity of the applied voltage 
changes, thus appearing as bright filaments to the observer’s 
eye. 

It is implied by microdischarge patterns observed that the 
microdischarge interaction should have two main features: 

- repetition of microdischarges at the same place during 
each voltage cycle due to the existence of a pre-ionized 
channel (and surface charge) left by the previous 
microdischarge - microdischarge remnant: the so called 
memory effect. This effect results in the formation of bright 
filaments. 

- “repulsion” of nearby microdischarge within the same 
voltage cycle by the microdischarge remnant, because of local 
electric field distortion. This “repulsion” results in the self-
organization of microdischarges into a regular structure. 

Self-organization of microdischarges appears to be a strong 
effect and dominant feature of the dielectric barrier discharge.  

 
The underlying memory and repulsion effects thus create 
quasi-Coulomb crystal patterns in DBDs, [1]. 

The short duration of microdischarges leads to a very low 
overheating of the streamer channel, and the DBD plasma 
remains strongly non-thermal. The principal microdischarge 
properties for most of the frequencies depend not on the 
characteristics of the external circuit, but just on the gas 
composition, pressure, and electrode geometry and configuration. 

Electrode geometry and configuration is in position to pro-
voke various schemas of electromagnetic interaction between 
microdischarges into a regular structure and the magnetic field 
of currents through electrodes. This electrodes geometry ef-
fect (EGE) needs a change in microdischarges self-
organization, and different “crystal” patterns in DBDs. It ex-
erts strong influence on the breakdown conditions and 
avalanche transformation into a streamer that modify the DBD 
volt-ampere characteristic, burning voltage, and critical pa-
rameters of operating (oxygen and nitrogen) areas – the 
breakdown voltages and currents, [2]. 

The aim consists in identifying EGE or the influence of the 
magnetic field of currents through electrodes upon microdis-
charges patterns by means of the DBDs volt-ampere charac-
teristic and critical parameters of operating (oxygen and nitro-
gen) areas. 

II. EXPERIMENTAL INVESTIGATIONS 

The physics of microdischarges is based on an 
understanding of the formation and propagation of streamers, 
and consequent plasma channel degradation.  

Instead, the probability of appearance of a streamer at the 
location of the microdischarge remnant increases when the 
voltage is switched. After the voltage is switched, the electric 
field of the microdicharge remnant adds to the strength of the 
applied electric field, thereby increasing the local field. The 
increased electric field increases the likelihood for a new 
streamer to occur at the same place. The net result is that if the 
original streamer was formed just before voltage switching, 
there is an increased probability of streamers occurring at the 
same place or in its nearest vicinity. 

The microdischarge interaction model, based on the 
assumption that avalanche to streamer transition and 
microdischarge formation are influenced by the 
microdischarge remnants interaction, allows us to perform a 
study of the influence of electrodes geometry, schema of 
power supply, and electrodes magnetic properties upon break-
down (burning) electric field Eb,1, and critical parameters – 
critical voltage Ucr,1 and current Icr,1 of DBD, Fig. 1b. 

1Peter D. Dineff is with the Faculty of Electrical Engineering of 
the Technical University of Sofia, 1756 Sofia, Bulgaria, e-mail: 
dineff_pd@abv.bg . 

2Dilyana N. Gospodinova is with the Faculty of Electrical Engi-
neering of the Technical University of Sofia, 1756 Sofia, Bulgaria, 
e-mail: dilianang@abv.bg . 

3Momchil G. Shopov is with the Faculty of Electrical Engineering 
of the Technical University of Sofia, 1756 Sofia, Bulgaria, e-mail: 
elmax@abv.bg.  

AT – transformer for voltage regulation; HVT - step-up trans-
former; D1, D2, D3, and D4 – diodes allowing direct measuring of 
the average value of discharge current Iavg. 
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HVT AT 

230 AC 

 
a) 

b) 
Fig. 1. Electric circuit of the experimental DBDs (a) and volt-

ampere characteristic (b). 

The electrode geometry and configuration, combined with the 
way of power supply to the electrodes, and the magnetic proper-
ties of electrodes define the strong interaction between microdis-
charge and electric currents passing through the electrodes 
themselves. The location of the electric power supply may be 
selected in a manner determining the realization of one of the 
two schemes of strong electromagnetic interaction, Fig. 2. 

In such a way, the electrodes geometry effect (EGE) will be 
expressed in the impact of the electromagnetic interaction on 
elementary processes in the discharge gap for diverse shapes 
(having the same active area), various manners of power sup-
ply, and diverse materials (magnetic, non-magnetic) of the 
electrodes. 

The exhibition of EGE is investigated experimentally on 
two flat-parallel electrode systems – the first one, with square 
electrodes: 150 × 150 mm, S = 225 cm2, the second one – 
with rectangular electrodes: 75 × 300 mm, S = 225 cm2, for 
two different distances d (3 and 6 mm) and different manner 
of power supply, Fig. 3. 

Investigations are performed with two types of electrodes, 
namely by using non-magnetic (made of aluminum) or mag-
netic (made of cold-rolled electrical steel) electrodes. The 
magnetic electrodes should also change the discharges pattern 
and characteristics of DBDs. The dielectric barrier is made of 
alkali glass of thickness b = 3 mm. 

The elementary processes (impact dissociation and impact 
ionization, electron avalanches, transition from avalanche to 
streamer; formation of discharges pattern and filaments, 
chemical reactions), which are conducted in the discharge 
gap, play different roles as regards not only the generation of 
ozone and products of its decay, but also the generation of 
nitrogen oxides. Generally, conditions for influencing the two 
burning regimes of DBDs are created. 

  a) 

  b) 
Fig. 2. “Π” (a) and “Z” (b) schema of microdischarges – elec-

trodes currents strength interactions. 

The external (volt-ampere) characteristic of DBDs, repre-
senting the relationship between the average value of dis-
charge current Iavg and the root mean square value of the volt-
age applied across the discharge gap Urms, reflects not only the 
existence of those two characteristic regimes of burning of 
DBDs, but also all the influences on elementary processes in 
the discharge gap, [2]. 

III. RESULTS AND DISCUSSIONS 

The external characteristics of DBDs have been plotted ex-
perimentally, discharge models have been worked out in ac-
cordance with [2], and according to Fig. 1b, for a minimal 
coefficient of linear correlation, not lesser than 0.9850, and 
then all the electrical parameters of the non-operating area, 
first and second DBD operating areas have been calculated: i) 
the stage processing the ignition of DBDs, or so called free or 
non-operating regime: intercept A1, μA; and slope B1, μA/kV; 
ii) the first stage of burning, or the first operating area: inter-
cept A2, μA; and slope B2, μA/kV; burning voltage Ub,1, kV; 
critical voltage Ucr,1, kV, and critical current Icr,1, μA; iii) - the 
second stage of burning, or the second operating area: inter-
cept A3, μA; and slope B3, μA/kV; burning voltage Ub,2, kV; 
critical voltage Ucr,2, kV, and critical current Icr,2, μA. 
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Fig. 3. Various schemes of electrodes power supply to the flat-

parallel electrodes having a square or rectangular shape. One of the 
taps shown is connected to the lower electrode, and the other to the 

upper one. 

 
Fig. 4. Burning (breakdown) electric field Eb,1 of DBDs with 

square (a), and rectangular (b), aluminum (Al) and steel (Fe) elec-
trodes, and different power supply schema (Z--, or Π--), according to 

Fig. 2. 

 

 
Fig. 5. Critical voltage Ucr,1 (RMS) of DBDs with square (a), and 

rectangular (b), aluminum (Al) and steel (Fe) electrodes, and differ-
ent power supply schema (Z--, or Π--), according to Fig. 2. 

The electrode shape (square or rectangular), way of “dis-
charge-current” interaction (“Z” or “Π”), and characteristic 
manner of power supply (11, 22, or 33) exert substantial im-
pact on the change in the main parameters of ignition and 
burning of DBD, Fig. 4, 5, and 6. 

For square electrodes (Z11, Z22, Π11, and Π22), irrespec-
tive of the size of working gap d, using of iron electrodes 
leads to an increase in the breakdown electric field Eb,1, Fig. 
4a, whereas for rectangular electrodes the exactly opposite 
phenomenon is observed – a decrease in the breakdown elec-
tric field Eb,1, Fig. 4b. 

The electric field of burning Eb,1, which remains constant in 
the first operating DBD area, changes within a very large 
range – from 2.34 to 31.56 kV/cm, that indicates considerable 
influence of the factors investigated, determining the  EGE, 
and indirectly of its own magnetic field upon the elementary 
processes being conducted in the discharge gap. 
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The critical ignition parameters of DBDs, critical voltage 
Ucr,1, and critical current Icr,1, shown in Figs. 5 and 6, also 
confirm the existence of substantial differences in the elemen-
tary processes, being conducted, under changes in the factors 
investigated, which is reflected by the magnitude of critical 
current Icr,1, and respectively by the magnitude of critical volt-
age Ucr,1. 
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Fig. 6. Average value of critical current Icr,1 of DBDs with square (a), 
or rectangular (b) aluminum (Al) or steel (Fe) electrodes, and differ-

ent power supply schemes (Z--, or Π--), according to Fig. 2. 

The observer is most impressed by the fact that in a great 
number of the cases studied the critical voltage Ucr,2 (RMS) 
exceeds 20 kV, i. e. there is no second operating DBD area in 
the voltage range investigated (up to 20 kV), whereas in other 
cases these values drop to 8.739 kV (Rec.Π11Fe-3 mm), 
8.032 kV (Rec.Z22Fe-3 mm), 11.104 kV (Sq.Π11Al-6 mm), 
and 11.882 kV (Sq.Π22Al-6 mm). The value of critical cur-
rent Icr,2 also varies within a wide range – from 556 μA 
(Rec.Z22Fe-3 mm) to 1351 μA (Rec.Z11Fe-3 mm); from 
297 μA (Sq.Z22Al-6 mm) to 1472 μA (Sq.Z11Al-3 mm). 

In such a way, when certain conditions for the manifestation 
of a strong electromagnetic interaction between the microdis-

charges and current passing through the electrodes are created, 
by changing the geometry, power supply and material (mag-
netic or non-magnetic) of electrodes it is possible to influence 
to a very great extent the elementary processes in the dis-
charge gap of DBDs. This fact is revealed by the volt-ampere 
DBDs characteristics and parameters of the discharge, which 
determine the ignition, burning, and operating areas of the 
existence of oxygen plasma and plasma of nitrogen oxides. 
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IV. CONCLUSION 

As a result of the experimental investigations performed for 
two geometrical shapes (square and rectangle) of the elec-
trodes, various schemes of power supply and materials of the 
electrodes - magnetic and non-magnetic, the following main 
conclusions can be derived: 

- the electrode geometry effect, which consists in the ge-
ometry impact, manner of power supply, and magnetic or non-
magnetic material of the electrodes does exist and can be suc-
cessfully applied to creating DBDs plasma technological sys-
tems; 

- the electrode geometry effect is expressed in a total 
change in the discharge volt-ampere characteristic, ignition 
and burning parameters of the discharge, and the operating 
areas of the ozone-and-oxygene-containing plasma and the 
plasma that contains nitrogen oxides; 

П22
a) 

Air Atmospheric Pressure
6 mm3 mm 

FeAlAl Al 

Z22 П22 

Fe Fe 

Z11 П11 

Al Al Fe Fe 

Schemes of Electrodes Power Supply 

Material of Electrodes 
Al Fe

Z33 

400 

300 

200 

100 

0 

- the two schemes selected (Z and Π) for strong magnetic 
interactions in the discharge volume allow revealing the im-
pact of the magnetic interactions on the electrical behavior of 
DBDs; 
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- the present work formulates the problem of the impact ex-
erted by the electrode geometry effect in the light of strong 
electromagnetic interactions. 
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Effect of Electrodes Geometry on Technological Behavior 
of Dielectric Barrier Discharge 

Peter D. Dineff1, Dilyana N. Gospodinova2, and Momchil G. Shopov3 

 
Abstract – Effect of electrodes geometry on technological be-

havior of dielectric barrier discharge, or the interaction between 
microdischarges and their own current’s magnetic field, 
discussed in this paper, has been revealed only recently. It is 
responsible for the formation of very different microdischarge 
patterns, volt-ampere characteristics, and operating regimes of 
plasma-chemical surface functionalizing. 

Keywords – dielectric barrier discharge, microdischarges, volt-
ampere characteristic, true power, critical voltage. 

I. INTRODUCTION 

Self-organization of microdischarges appears to be a strong 
effect and dominant feature of the dielectric barrier discharge. 
The underlying memory and repulsion effects thus create 
quasi-Coulomb crystal patterns in DBDs, [1]. 

The short duration of microdischarges leads to a very low 
overheating of the streamer channel, and the DBD plasma 
remains strongly non-thermal. The principal microdischarge 
properties for most of the frequencies depend not on the 
characteristics of the external circuit, but just on the gas 
composition, pressure, and electrode geometry and configuration. 

Electrode geometry and configuration is in position to pro-
voke various schemas of electromagnetic interaction between 
microdischarges into a regular structure and the magnetic field 
of currents through electrodes. 

This electrodes geometry effect (EGE) needs a change in 
microdischarges self-organization, and different “crystal” pat-
terns in DBDs. It exerts strong influence on the breakdown 
conditions and avalanche transformation into a streamer that 
modify the DBD volt-ampere characteristic Iavg = f (Urms), 
breakdown (burning) voltage Ub , and true power P and power 
factor (cosine of the phase difference) of oxygen and nitrogen 
operating areas, Fig. 1a. 

The true power P is a criterion of dissociation, ionization, 
and chemical reaction processes in air at atmospheric pres-
sure. It can be determined quantitatively by calculating it (for 
quasi-harmonically changing supply voltage) from the ex-
perimentally plotted volt-ampere characteristic of DBDs, 
Fig. 1b. 

 

 
The aim consists in identifying EGE or the influence of the 

magnetic field of currents through electrodes upon microdis-
charges patterns by means of the DBDs true power techno-
logic characteristic: P = φ (Urms). 

II. EXPERIMENTAL INVESTIGATIONS 

The electrode geometry and configuration, combined with the 
way of power supply to the electrodes, and the magnetic 
properties of electrodes define the strong interaction between 
microdischarge and electric currents passing through the 
electrodes themselves. 

 

a) 

   b) 
Fig. 1. Volt-ampere electrical characteristic (a) and technological 
characteristic (b) of DBD with first (or oxygen) operating stage RS; 
and second (or nitrogen) operating stage ST. 

For a quasi-harmonic law of changing the supply voltage U 
(50 Hz) there exists the following relationship (RS and ST): 

( )cravgb IIUP −=  (1) 

AUBI rmsavg +=  (2) 
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( )crrmsb IAUBUP −+=  (3) 

crbrms IACBUDCUDP −==+= ;;  (4) 

The ionization of the gas as well as all the chemical changes 
occurring in it and on the surface treated are conducted with 
electron exchange, which allows using the true power as a 
technologic characteristic, because the true electrical energy is 
proportional to the quantity of electricity carried through the 
discharge gap:  

( ) ( )crbcravgb QQUtItIUPtE −=−==  (5) 

where Qcr is the critical quantity of electricity not causing 
ionization and chemical changes in the discharge gap. 

The exhibition of EGE on the technological behavior of 
DBDs is investigated experimentally on two flat-parallel elec-
trode systems – the first one, with square electrodes: 
150 × 150 mm, S = 225 cm2, the second one – with rectangu-
lar electrodes: 75 × 300 mm, S = 225 cm2 (with the same 
area), for two different distances d (3 and 6 mm) and different 
manner of electrodes power supply, Fig. 3. 

 

 
 

Fig. 2. Various schemes of electrodes power supply to the flat-
parallel electrodes having a square or rectangular shape. One of the 
taps shown is connected to the lower electrode, and the other to the 

upper one. 

Investigations are performed with two types of electrodes, 
namely by using non-magnetic (made of aluminum) or mag-
netic (made of cold-rolled electrical steel) electrodes. The 
magnetic electrodes should also change the discharges pattern 
and technological characteristics of DBDs. The dielectric bar-
rier is made of alkaline glass of thickness b = 3 mm. 

The external (volt-ampere) characteristic of DBDs, repre-
senting the relationship between the average value of dis-
charge current Iavg and the root mean square value of the volt-
age applied across the discharge gap Urms, reflects not only the 
existence of those two characteristic burning regimes of 
DBDs, but also all the influences on elementary processes in 
the discharge gap, Fig.1, [2]. 

 

III. RESULTS AND DISCUSSIONS 

The volt-ampere characteristics of DBDs have been plotted 
experimentally, discharge models have been worked out in 
accordance with [2], and according to Fig. 1b, for a minimal 
coefficient of linear correlation, not lesser than 0.9850, and 
then all the parameters of the non-operating area, first and 
second DBD operating areas have been calculated. 
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Fig. 3. Operating burning regimes of DBDs with square alumi-

num, and cold-rolled electrical steel electrodes, different discharge 
gaps and electrodes power supply schemes (Z--, or Π--), according to 

Fig. 2 – critical voltages Ucr,1 and Ucr,2 (RMS). 

The electrode shape (square or rectangular), way of “dis-
charge-current” interaction (“Z” or “Π”), and characteristic 
manner of power supply (11, 22, or 33) exert substantial im-
pact on the change in the main critical parameters of ignition 
and burning of DBDs, including critical voltages Ucr,1 and Ucr,2, 
Figs. 3 and 4. 

For square electrodes, irrespective of the size of discharge 
gap d, using of iron electrodes leads to an increase in the criti-
cal voltage Ucr,1, Fig. 3, whereas for rectangular electrodes the 
exactly opposite phenomenon is observed – a decrease in the 
critical voltage Ucr,1 (to the exclusion of scheme Rec.Π33-
0.6 mm), Fig. 4. 

The second (nitrogen) operating regime occurs in only 19 of 
all the 40 cases investigated (i. e. in ca. 48 % of them), Figs. 3 
and 4. 
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Fig. 4. Operating burning regimes of DBDs with square aluminum 

(a), and cold-rolled electrical steel electrodes (b), different discharge 
gaps and electrodes power supply schemes (Z--, or Π--), according to 

Fig. 2 - critical voltages Ucr,1 and Ucr,2 (RMS). 

An answer should be given to the basic question: Will the 
EGE observed be practically advantageous when priority is 
given to operating regimes with high specific true power, i. e. 
true power per a unit of area or ; ? VPpV /= dSV .=

The rectangular electrodes offer better and more various 
applications not only for a discharge gap of 3 mm, but also for 
that of 6 mm: first, for a discharge gap of 3 mm both the alu-
minum and cold-rolled electrical steel electrodes provide 
higher specific true powers – above 200 mW/cm3, Figs. 5 and 
6; second, for a discharge gap of 6 mm both the aluminum and 
cold-rolled electrical steel electrodes provide higher specific 
true powers – above 150 ÷ 200 mW/cm3. 

 

Fig. 5. Technological characteristics of operating burning regimes of 
DBDs, pV = φ (Urms), with square aluminum, and cold-rolled electri-
cal steel electrodes, different discharge gaps and electrodes power 

supply schema (Z--, or Π--), according to Fig. 2. 

The magnetic electrodes allow realizing the ignition of 
DBDs at lower voltages – for square electrodes made of alu-
minum the minimal critical ignition voltage Ucr,1 is 5.155 kV; 
for square electrodes made of steel it is 7.386 kV; for rectan-
gular electrodes made of aluminum this voltage is 6.299 kV,  
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whereas for rectangular electrodes made of steel its values is 
3.938 kV. The minimal critical ignition voltage Ucr,2 (oxygen 
operating regime) for square electrodes made of aluminum is 
11.104 kV; for square electrodes made of steel it is 
12.128 kV; for rectangular electrodes made of aluminum there 
is no such operating regime, whereas for rectangular elec-
trodes made of steel the minimal critical ignition voltage is 
8.032 kV, Figs. 3 and 4. 
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Fig. 6. Technological characteristics of operating burning regimes 

of DBDs, pV = φ (Urms), with rectangular aluminum and cold-rolled 
electrical steel electrodes, different discharge gaps and electrodes 

power supply schemes (Z--, or Π--), according to Fig. 2. 
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The experimental setup of the investigation performed un-
ambiguously reveals the dependence of the elementary proc-
esses in DBDs from its own magnetic field. Introducing a fer-
romagnetic medium (electrodes) into the discharge area also 
influences the conducted elementary processes, their devel-
opment being stimulated in some cases and suppressed in oth-
ers. 

100 

IV. CONCLUSION 

As a result of the experimental investigations performed for 
two geometrical shapes (square and rectangle), various 
schemes of power supply and materials of the electrodes - 
magnetic and non-magnetic, the following main conclusions 
can be derived: 

100

- the electrode geometry effect, which consists in the ge-
ometry impact, manner of power supply (and magnetic or 
non-magnetic material) of the electrodes, does exist and can 
be successfully applied to creating DBDs plasma technologi-
cal systems; 

0 

- a positive technologic effect should be sought not only in 
the direction of increasing the specific true power pV in each 
of the two operating areas – oxygen and nitrogen operating 
regime of surface plasma treatment and functionalization, but 
also regarding the diminishment of respective critical ignition 
voltages Ucr,1 and Ucr,2. 

- the electrode geometry effect is a hidden form of electro-
magnetic interactions and their impact upon the elementary 
processes in DBDs. 
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Virtual Instrumentation Software Applied to Calibration 
Procedure for Power Quality Meters 

Milan M. Simić1, Božidar R. Dimitrijević2 
 

Abstract – Calibration procedure for power quality parameter 
measuring instruments, supported by the virtual instrumentation 
software LabVIEW, is presented in this paper. Reference voltage 
calibration signals, defined according to European power quality 
standard EN 50160, are providing by the D/A acquisition card NI 
6713, voltage amplifiers and calibrator METRAtop 53. Realized 
LabVIEW virtual instrument in PC programming environment 
provides the calibration process algorithm, including comparing 
of measuring results obtained during calibration procedure with 
reference voltage quality parameter values. Statistical processing 
of measuring results obtained using the calibrated electric power 
quality meter CA 8334, considers evaluation of the average RMS 
voltage values, the graphical probability distribution parameters 
and uncertainty components of the measured parameter values. 

    Keywords – Calibration, Electric power quality meters, Virtual 
instrumentation, LabVIEW application software. 

I.   INTRODUCTION 

Electric power quality level is defined by the interval values 
of distribution network supply voltage parameters measured at 
electriic power customer delivery points. The valid measuring 
data related to real values of the power quality parameters can 
be provided only by objective continued monitoring of power 
distribution and consumption processes at the different power 
distribution network locations. Instruments for measuring and 
analyzing of the power quality parameter need to be followed 
by the appropriate metrological traceability chain. Practically, 
this means that used equipment and instruments for the power 
quality measuring purposes must be previously metrologically 
verified and confirmed using the calibration procedures which 
are carried out within the accredited metrological laboratories. 
    For the purposes of electric power customer protection, the 
optimal quality and reliability levels of delivery networks that 
power supplier need to provide, are defined by the national and  
international normative and regulation documents, such as the 
current European electric power quality standard EN 50160. In 
these documents adopted by respectable international standard 
organizations (CENELEC, IEEE, ANSI, NIST) are prescribed  
nominal values and acceptable limit intervals of characteristic 
quality parameters, under the normal operating conditions [1]. 
    Different types of digital instruments using for analysis and 
measurement of the standardized power quality parameters are 
commercially available at the today world markets. Measuring  

1Milan M. Simić is with the Faculty of Electronic Engineering, 
University of Niš, Aleksandra Medvedeva 14, 18000 Niš, Serbia.    
E-mail: milansm@elfak.ni.ac.yu 

2Božidar R. Dimitrijević is with the Faculty of Electronic 
Engineering, University of Niš, Aleksandra Medvedeva 14, 18000 
Niš, Serbia. E-mail: bosko@elfak.ni.ac.yu 

instruments enabling these options, such as the portable power 
quality analyzers Circutor AR5, LEM Q-Wave Power, LEM 
Memobox 808 or Chauvin Arnoux CA 8332/8334, are capable 
for contined monitoring of power quality parameter values, at 
various delivery network points [2]. These measuring devices 
are programmed for operation according to the relevant power 
quality standarda, mostly EN 50160, which enables automatic 
final quality report generation. Direct two-way measuring data 
transfer communication between this instruments and standard 
PC computer is enabled by using standard optical interface IR 
RS-232. Graphic color display shows the real-time measuring 
results, including possibilities for measured data chronological 
recording for the purpose of latter statistical processing using 
the corresponding software support for the PC based analysis. 
    Reference measuring devices, such as the voltage or current 
calibrators, are commercially available in different functional 
and constructive solutions. Voltage and current calibrators are 
sources of reference signals of high accuracy, which inside the 
metrological traceability process correspond to the secondary 
standards, the laboratory and industrial standards. Also, there 
are specially designed calibration devices for the known types 
of power quality analyzers, such as solution of multifunctional 
calibrator Fluke 5520A enabled with Power quality option [3].  
    Software controlled procedure for the calibration of electric 
power quality meters is described in this paper. The reference 
calibration values of voltage quality parameters are providing 
using 8-channel 12-bit D/A data acquisition card NI 6713 [4], 
for three-phase voltage signal generation, three amplifiers and  
the calibration device METRAtop 53, for measurement of the 
generated signal parameters. Functional basis of the procedure 
is ensuring by virtual instrumentation software LabVIEW [5]. 

II.  HARDWARE CONFIGURATION OF POWER QUALITY 
METER CALIBRATION PROCEDURE  

In order to provide measurement traceability of instruments 
for measurement of power quality parameters, it is necessary 
to calibrate each used instrument, inside calibration laboratory 
or directly inside remote measuring stations, for the individual 
customer network groups. Possible approach to the problem is 
direct calibration method using reference transferring standard 
for calibration of power quality meters which are installed into 
remote measuring stations controlled by data sending from the 
power distribution center across communication network [6]. 

The hardware block configuration of calibration process for  
the portable power quality meter CA 8334, is presented on the 
Fig.1. The calibration process is consisting of two functionally 
connected activities, reference calibration three-phase voltage 
signal generating and calibration process algorithm applied to  
power quality meter. Reference calibration signal providing is
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Fig. 1. Hardware block configuration of the electric power quality meter calibration procedure

controlled by the virtual instrumentation application software 
LabVIEW. 8-channel 12-bit D/A data acquisition card PCI NI 
6713 circularly generates three-phase voltage waveforms with 
frequency of 50Hz, based on the previously determined values 
of samples per period, memorized into the internal data buffer. 
The generated three-phase sinusoidal voltage waveforms are 
digitally synthesized with the 1000 points per one period. Very 
important feature of chosen D/A card is possibility for double 
buffering enabling that the replacing of the samples is possible 
without interruption of the signal generation. Acquisition card 
provides eight digital to analog output channels with specified 
resolution of 12 bits, the output voltage generation accuracy of 
0.5 LSB and maximum amplitude range of ±10V. Appropriate 
amplitude and signal effective values necessary for calibration 
of power quality meter, are providing using voltage amplifiers.      
    Effective values of amplified signals are measured by using 
control calibrator METRAtop 53 sending measuring results to  
the PC computer through the RS-232 standard communication 
interface. This calibrator is microprocessor based device with 
16-bit sigma-delta analog to digital converter, the four voltage 
output ranges from 30mV to 30V, long time stability, network 
and local supply and the voltage nominal accuracy 0.02% [7]. 
Comparing effective voltage values measured using calibrator 
with calibration reference RMS voltage value of 220V, virtual 
instrument calculates the new corrected effective values which 
need to be generated by D/A acquisition card in next iteration. 
    Nominal values of absolute error components for generated 
output voltages, specified by card manufacturer, are shown in 
the Tab.1. [4]. According to the symbols for error components 
given in the table, total absolute error of output voltage signals 
generated by D/A card, is calculating using following relation: 
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absolute error value ΔV 
 

 

reading 
p (%) 

 

offset 
Vos (mV) 

temper. drift 
ΔT (% /°C) 

 

nominal output 
voltage range 

±10V 
 

 
 

0.0177% 
 

±5,933 0.0005% 

Tab.1. Components of generated voltage signal absolute error 

    For by user selected D/A acquisition card maximum voltage 
output value 10V, the absolute and relative errors of generated 
voltage signal are calculated by using the following equations:  
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III.   LABVIEW APPLICATION SOFTWARE SUPPORT 

    Power quality meter calibration process is controlled by the 
virtual instrument in PC programming environment developed 
using the LabVIEW graphical software language. The realized 
application provides interactive communication between users 
and the system, including calibration procedure algorithm and 
statistical analysis of the measuring results with chronological 
recording in system database. Front panel of virtual instrument  
in LabVIEW environment, developed for metrological support 
of power quality meter calibration process, with possibility of  
graphical presentation, chronological recording and statistical 
analyzing of the measuring results obtained during calibration, 
is presented on the Fig.2. Besides the continued monitoring of
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Fig. 2. LabVIEW virtual instrument for metrological support of the power quality meter calibration procedure

the generated reference three-phase voltage signal waveforms, 
defined according to power quality standards, designed virtual 
instrument shows the tables containing successively measured 
RMS phase voltage values obtained by using calibrated power 
quality analyzer CA 8334. On designed front panel for each of 
reference three-phase voltage signals are presented twenty six 
measured voltage values. Statistical processing and analyzing 
of hundred measuring results obtained for each phase is based 
on calculation of the mean RMS voltage values and associated 
standard measurement uncertainties of type A and type B,  the 
combined and expanded measurement uncertainty values [8].   

IV.   POWER QUALITY MEASURING UNCERTAINTY 
COMPONENT EVALUATION 

    In general, measuring results are valid and completed only if 
they are followed by the corresponding quantitative data about   
the evaluated values of measurement uncertainty. Uncertainty 
of measuring results in the CIPM approach generally consists 
of the several components defined in reference to the methods 
applied for calculation of their numerical values. According to 
reference document Guidelines for evaluating and expressing 
the uncertainty of NIST measurement results [8], components 
of uncertainty in measurement are arranged in following three  
primary categories: the standard measurement uncertainty, the 
combined measurement uncertainty and expanded uncertainty. 
Type A standard measurement uncertainty evaluation is based   

on statistical methods applied to measuring results obtained in 
the power quality analyzer calibration process. In the case of a 
virtual instrument presented on the Fig.2, standard uncertainty 
of type A is evaluated using the standard deviation of obtained 
measuring results, while estimation of effective voltage values 
is based on arithmetical mean calculation using next relations: 
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    Type B standard measuring uncertainty calculation includes 
all currently available relevant information related to previous 
measuring data provided from calibration procedures or other 
reports and from the specifications for measuring instruments 
included in process, provided by device manufacturers. On the 
developed LabVIEW virtual instrument the values of standard 
type B measurement uncertainty correspond to the accuracy of 
generation of calibration reference three-phase voltage signals. 
Combined measurement uncertainties are calculating by using 
combining of the individual standard uncertainties, according 
to law of uncertainty propagation which is based on first-order 
Taylor series approximation given with following relation [8]:   

          ( ) ( ji

N

i

N

ij ji
i

N

i i
c xxu

x
f

x
fxu

x
fyu ,2)(

1

1 1

2
2

1

2 ∑ ∑∑
−

= +== ∂
∂

∂
∂

+⎟⎟
⎠

⎞
⎜⎜
⎝

⎛
∂
∂

= )      (6) 

635 



 
Fig. 3. Diagrams of the measured effective voltage value and graphical probability distribution parameters 

    For the case of two dependent correlated physical quantities 
previous expression can be represented in the following form:  
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    Standard measurement uncertainties of the type A and type 
B related to RMS values previously estimated are independent 
and uncorrelated quantities, with correlation coefficient value 
u(x1,x2)=0. Therefore, the combined measurement uncertainty 
values for the LabVIEW virtual instrument given on Fig.2. are 
calculated using the following square root simplified relation: 

                            22)( BAC uuVu +=                            (8)  

For required measuring results confidence level of 99% and 
the reference effective phase voltage value of 220V, the values 
of expanded measurement uncertainty are calculated by means 
of multiplication of combined measurement uncertainties with 
correspondent uncertainty coverage factor value of k=2,58 [8]. 

Front panel of the LabVIEW virtual instrument performing 
the graphical presentation of the measured RMS voltage value 
diagrams and probability distribution parameters of measuring 
results, is presented on Fig.3. Some important conclusions can 
be gained from shown probability distribution diagrams. Most 
important remark is that probabilty distribution parameters of 
three-phase voltage value measuring results are approximately 
corresponding to Gaussian probability distribution parameters. 

V.   CONCLUSION 

    Increasing of the electric power production, distribution and 
consumption efficiency demands developing of the measuring 
instruments using for monitoring and analyzing of the defined 
power quality parameter values. Crucial activity in the process 
of the measuring instrument traceability verification is regular 

periodic calibration. In this paper are described possibilities of 
power quality meter calibration procedures using the reference 
three-phase voltage signals, generated by data acquisition card 
NI 6713, the voltage amplifiers and calibrator METRAtop 53. 
Functional basis of the presented solution is provided by using  
the virtual instrumentation software LabVIEW performing the 
control of reference signal generation and power quality meter 
calibration process algorithm  The designed virtual instrument 
provides the graphic presentation, chronological recording and 
statistical processing of measured RMS voltage values. At the 
end of calibration procedure virtual instrument generates final 
calibration report which includes the estimated mean values of 
measuring results and the measuring uncertainty components. 
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Design of Two-channel Oscilloscope in LabView 
Rosen Miletiev1, Plamen Balzhiev2 

 
Abstract - The paper represents the design and experimental 

results of two – channel oscilloscope in LabView environment. 
The designed oscilloscope is a part of the virtual laboratory 
measurements tools, which may be used locally or remotely to 
display the analog or digital waveforms with a high accuracy in 
the real – time situations. 
 

Keywords – oscilloscope, LabView 

I. INTRODUCTION 

National Instruments LabVIEW graphical development is 
wide used programming environment and has revolutionized 
the development of scalable test, measurement, and control 
applications [1-4]. The LabView environment allows 
designing rapidly and cost-effectively interfaces with 
measurement and control hardware, analyze data, share 
results, and distribute systems. Also laboratory based on 
LabVIEW makes researchers more productive and improves 
the way students learn. The main aim of the current paper is to 
develop a useful measurement tool which presents the analog 
or digital waveforms in time domain. It is designed as a 
helpful instrument predominantly for laboratory 
measurements and provides the needed knowledge concerning 
the measurement process or as a remotely based measurement 
tool. The computer-based approach combined with clearly 
presented graphics and animations of the measured electrical 
signals makes the measurement process more interesting, 
comprehensive and easier to understand.  

For designing such an instrument the National Instruments’ 
programming environment LabView is used. It is preferred to 
the other simulation software because of its simplicity 
flexibility and also availability. LabView is based on 
graphical programming language and has powerful 
mathematical functions for analysis and simulations. It is also 
specialized in the measurement and control and it supports a 
wide variety of hardware [5-6].  

 
1 Rossen Miletiev is with Technical University of Sofia, Bulgaria, 
Faculty of Telecommunications, 8 Kliment Ohridski Str., Sofia 1000, 
e-mail: miletiev@tu-sofia.bg 
 
2Plamen Balzhiev is with Technical University of Sofia, Bulgaria, 
Faculty of Telecommunications, 8 Kliment Ohridski Str., Sofia 1000, 
e-mail: baljiev@abv.bg 
 

II. TWO-CHANNEL OSCILLOSCOPE DESIGN 

The two-channel digital oscilloscope designed in LabView 
environment is a data acquisition system (DAQ) which uses 
hardware measurement devices connected to a personal 
computer. To communicate with the acquisition module the 
NI-DAQmx drivers are used. They provide increased 
productivity and performance in measurement and simplicity 
for implementation in the virtual instrument. This drivers 
support the whole family of DAQ devices provided by 
National Instruments. [7] 
 

 

Fig.1. Oscilloscope front panel 

The user part of this tool is the front panel (Fig.1). It is 
employed as a measurement instrument in laboratory classes. 
Therefore it should be easy to operate with and should have 
the basic functions of a conventional oscilloscope. First of all 
it consists of graphic screen (A) to observe and measure the 
input signals. Then, there are physical channels settings (E) to 
configure the channels for acquiring the signals and the type 
of input. The gain settings and vertical offset are placed in 
section (B). The time adjusting for the horizontal scale and 
triggering parameters are presented in (C) and (D) 
respectively. 
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Fig.2 The block diagram of the two-channel oscilloscope 

 
 

 

Fig.3. Control panel sections 
 

Signal measurements, data analysis and visualization of the 
chart are realized in the block diagram (Fig.2). Part (A) from 
the diagram performs the data acquisition and sets the gain 
values and vertical offset. It handles the physical channels, 
sampling rate and triggering settings (Fig.3). After the data is 
acquired the gain settings are applied to the channels. Finally, 
it is visualized on the front panel graphic chart. Part (B) 
handles the settings from the front panel. If any change from 
the initial state is detected the new parameters are memorized 
and applied to the measurement process. Part (C) handles the 
graphic settings – signals and cursors visualization and front 
panel controls – colors, visibility and values [1]. 

The block that performs the measurement of the signals is 
shown on Fig.4. The input parameters of the block are the 
physical channels address, input type, sampling rate, the 
triggering settings and time scale parameters.  

Data acquisition process consists of the following steps: (A) 
Reset the measurement device – to clear all the channels and 
hardware parameters; (B) Set the desired physical channels as 
inputs and choose the type of the channel – differential or 
single ended (referenced to the ground); (C) Give the 
sampling rate of the measurement process; (D) Put the 
triggering type and parameters – triggering channel, levels and 
position; (E) Start acquiring the signals from the two 
channels; (F) Stop the acquisition and release the physical 
channels. 
 



 

639 

 

Fig.4. The signal acquisition block diagram 

 

Fig.5. Signal processing block 
 

The acquisition process is realized with for loop and 
different case structures. The other blocks of this diagram are 
build-in functions for communication with the hardware 
device. The case structure which includes steps from (A) to 
(D) is executed only in the beginning of the measurement 
procedure. Thus the data acquisition device is reset for the 
new measurement. With other case structure in step (F) is 
executed when the measurements are finished and the 
oscilloscope is closed or the acquisition is stopped from the 
front panel. The result of this block diagram is an array of 500 
samples which are furthermore processed before they are 
visualized on the front panel screen. If an error occurs it is 
handled with the appropriate error structure. 

The measurement process contains in the following steps: 

1. Restart (RESET) of the DAQ module to initialize the 
virtual instrument. This process clears the previous 
instrument settings 

2. Selection of the physical channel and its 
measurement parameters – X, Y and time resolution, 
trigger settings, etc. 

3. Time parameter and strobe frequency selection. 
Since the front panel display size is set to 500 points, 
the strobe frequency is calculated according to the 
following equation: 

,[ / ] ,[ / ]
,[ / ]s

n S divf S s
Ts s div

=  

where  n – discrete number per one division 
 Ts – time resolution 

4. Start of the measurement process 
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The received measurement data is fed to the next 
processing block (Fig.5), which set the selected settings to the 
front panel. The block output is recognized as vector data, 
which are sent to the display. 

III. OSCILLOSCOPE MEASUREMENT RESULTS 

The designed two – channel oscilloscope is tested using the 
following hardware and software basis (Fig.6): 

 

 

1. Terminal board –SC-2075 type; 
2. Data cable - SH68-68-EP; 
3. DAQ module –PCI-6024E type; 
4. PC based computer with installed LABVIEW software 

 
Fig.6. Oscilloscope design 

 
The implemented measurement of a sinusoidal and square 

waveform from the hardware acquisition device is shown at 
Fig.7. The proper gain, time and triggering settings are 
adjusted. The values of amplitude, period and phase offset can 
be read out with the help of vertical and horizontal scales. For 
the sake of convenience amplitude and RMS values are 
calculated and presented at the bottom of the graphic for both 
channels. The operator could use the vertical cursor lines to 
measure other parts of the displayed characteristic. 

 

Fig.7. Two-channel signal measurement 

IV. CONCLUSION 

The two-channel oscilloscope designed in LabView is easy 
to use and flexible for future developments. The oscilloscope 
is the basic tool for circuit analysis and metrology too. The 
virtual instruments designed with LabView are very flexible 
and provide good opportunities for future developments and 
optimization. One instrument already realized could easily be 
modified or other useful functions and attributes could be 
added. In this project the instrument can be further developed 
in several aspects – introduction of additional data analysis or 
adding other functions Calculations of RMS, peak-to-peak or 
average values, period or frequency are some of the 
opportunities for instrument improvements. Also spectrum 
analysis could easily be applied.  
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Synthesis of Optimal Modal Controllers  
for DC Electric Drives 

Tsolo T. Georgiev1, Mikho R. Mikhov2 

 
Abstract – This paper discusses the synthesis of controllers, 

which can be structure-optimized through mathematically based 
selection of a functional. Relevant complex criterion for optimi-
zation has been introduced. The synthesis implements a combi-
nation between both- setting the closed-loop system poles (modal 
control) and optimal control through the quadratic quality crite-
rion minimization. Results from testing of DC motor drive sys-
tems with such optimal modal control have been represented.    

Keywords – Optimal control, Modal control, DC motor drives. 

I. INTRODUCTION 

 Modern electric drives are subject to high requirements 
such as precise accuracy and good dynamics, which predi-
cates the use of digital control devices. At the same time, 
growing demands to quality control, as well as the complexity 
of electromechanical systems determine the need to synthe-
size controllers of higher potential compared to the traditional 
PI, PD and PID types.  
 Optimal modal state controllers meet such requirements. 
Their synthesis may be carried out either through the ana-
logue mathematical model of the controlled object, with a 
subsequent discretization, or by means of the discrete model 
[1], [2], [4], [5]. 
 Synthesis of state controllers by the discrete model has a 
number of advantages: 
 - first, a stable closed-loop system is provided, with a pre-
defined quality;  
 - second, too small quantization period can be avoided thus 
eliminating the need of very fast microcontrollers. 
 This paper discusses some structurally optimized control-
lers, their synthesis being based on a mathematically selected 
functional. The procedure applied utilizes a combination be-
tween both - setting the closed-loop system poles (modal con-
trol) and optimal control through the quadratic quality crite-
rion minimization, i.e. a complex criterion for optimization 
has been introduced.  
 Detailed studies of DC motor drive systems carried out by 
means of modeling and computer simulation show that this 
type of control can provide the desire performance. 

II. VECTOR-MATRIX MODEL OF THE DC DRIVE   

 The state-space model of the DC motor drive under consi-
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Automation, Technical University of Varna, 1 Studentska Str., 9010 
Varna, Bulgaria, E-mail: tsologeorgiev@abv.bg 
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deration can be described as follows: 
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(1) 
where: 0

* ωωω =  is motor speed represented in relative 

units; 0ω – ideal no-load speed; ( )0
* ωecc kVV =  – power 

converter voltage;  – back EMF coefficient; ek sciii =* – 
armature current represented in relative units; 

( ) Rki esc 0ω⋅=  – short circuit current; R – armature circuit 

resistance;  – control voltage of the power 
converter in relative units;  – amplifier gain of the con-

verter; 

]/0
*

ckuu ω=

ck
/[ ek

scl ii=li
*  – static current represented in relative units 

mτ  – electromechanical time-constant; aτ   – armature circuit 
time-constant;  cτ – converter time-constant. 
 The following notations of state variables have been 
adopted: , , . Measurable coordinate 
in this case is the motor angular speed 

*
1 ω=x *

2 ix = *
3 cVx =

ω , i.e.  
 

( ) (tCxty = ) ,  
 

where: [ ]0    0    1=C , [ ]321     T xxx=x . 
 The discrete state-space model of the controlled object can 
be represented as follows: 
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 In order to use the quadratic quality criterion in the process 
of synthesis, the error of should be 

formulated, where  is the reference speed in relative 
units.  

)()()( *** kkke r ωω −=

)(* krω

  It is assumed that both the reference and disturbance inputs 
are constant, i.e.  and . The follow-
ing equation concerns the error and state variables, which are 
not outputs [2]: 

const)(* =krω const* =li
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 Eq. (3) has been used for the synthesis of both an optimal 
modal digital observer and the respective controller. Based on 
this equation the DC electric drive model has been developed 
(Subsystem 1), shown in Fig. 1.  

 

 
 

Fig. 1. Model of the controlled object (Subsystem 1). 
 

 The controlled object consists of a three-phase thyristor 
converter and a separately excited DC motor. The basic pa-
rameters are as follows:  
 , , Ω 69.1=R H 026.0=L s 0154.0=aτ , s 2759.0=mτ , 

, 2kg.m 0741.0=J radVs6737.0=ek , ANm6737.0=tk , 
s 005.0=cτ , . 23.24=ck

 The rated data of the used DC motor are: 
   kW, 4.3rat =P V, 220rat =V A, 6.17rat =I rad/s 314rat =ω . 

III. SYNTHESIS OF OPTIMAL MODAL OBSERVER 

 Synthesis of the digital observer will be realized by an al-
gorithm presented in [1]. This procedure utilizes the transpo-
sitioned additional object [3]: 
 

      (5) )()(1)( TT
e kβkk eCαAα +=+

 

or            

                                                  

 

( )
( )
( )
( )

( )
( )
( )
( )

( )k

k
k
k
k

aaa
aaa
aaa

k
k
k
k

β

α
α
α
α

α
α
α
α

⎥
⎥
⎥
⎥

⎦

⎤

⎢
⎢
⎢
⎢

⎣

⎡

+

⎥
⎥
⎥
⎥

⎦

⎤

⎢
⎢
⎢
⎢

⎣

⎡

⎥
⎥
⎥
⎥

⎦

⎤

⎢
⎢
⎢
⎢

⎣

⎡

=

⎥
⎥
⎥
⎥

⎦

⎤

⎢
⎢
⎢
⎢

⎣

⎡

+
+
+
+

0
0
0
1

.

      -  0
      -  0
-  -     0
0       0      1      1

1
1
1
1

4

3

2

1

332313

322212

312111

4

3

2

1

   (6) 

 

 The  matrix eigenvalues are determined solving the 
following equation: 

T
eA

 

   (7) 0

000
000
000
000

0
0
1

0001

det

332313
322212

312111 =

⎪
⎪
⎭

⎪⎪
⎬

⎫

⎪
⎪
⎩

⎪⎪
⎨

⎧

⎥
⎥
⎥

⎦

⎤

⎢
⎢
⎢

⎣

⎡

−
⎥
⎥
⎥

⎦

⎤

⎢
⎢
⎢

⎣

⎡

−
−

−−

χ
χ

χ
χ

aaa
aaa
aaa

 
 For the eigenvalues the following is obtained: 
 

.8187.0;9407.0;9962.0;1 4311 ==== χχχχ  
 
 In this case an undesired root of the open-loop system  

11 =χ  exists, which must be displaced. A location for the 
closed-loop system root 5.01 =μ  is defined, where 1χ  should 
be placed.   
 In order to define the observer H matrix, it is necessary to 
find the  eigenvector elements, solving the system of ho-
mogeneous algebraic equations: 

1q

 
 1for   0)χ( ==− iii qIAe  (8) 
 
 For the elements of both eigenvector  and weight matrix 

 the following is obtained: 
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 These products are computed: 
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 Weight coefficient 21 =r  and the 21 =λ coefficient are 
calculated. 
 The respective optimal modal feedback gain is determined: 
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 As the undesired eigenvalue is only one in this case, the 
feedback gain is derived as follows:  
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 The observer feedback vector is formulated: 
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 The observer equation is as follows [3]:  
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where )(ˆ)()( kkke xCy −=Δ . 
 

 
 

Fig. 2. Model of the optimal modal observer (Subsystem 2). 
 

 These equations produce the state variables valuation. 
Based on them the optimal modal observer (Subsystem 2) has 
been developed, shown in Fig.2. 

IV. SYNTHESIS OF OPTIMAL MODAL CONTROLLER 

 Synthesis of the optimal modal controller will be realized 
by an algorithm shown in [2]. In this case synthesis is carried 
out based on equation (3). 
 The matrix eigenvalues are as follows: eA
 

.1;9407.0;9962.0;8187.0 4311 ==== χχχχ  
 
 Among these values an undesired root 14 =χ  exists, which 
should be displaced.  
  A root location 3333.04 =μ  of the close-loop system cha-

racteristic equation is defined, where the undesired open-
loop system eigenvalue 1χ  will be placed.  
 In order to determine the optimal modal controller matrix 
K  it is necessary to find the eigenvector  elements, solv-
ing the system of homogeneous algebraic equations.  
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 The elements of eigenvector  and weight matrix   
are obtained as follows: 
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 For these coefficients the following values are obtained:  

 and -6
4 10 x 7824.9=r λ =1.5.  

 The optimal modal feedback gain is determined: 
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 As there is only one undesired eigenvalue ( 14 =χ ), the 
optimal modal feedback gain is derived as follows:  
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  The feedback vector obtains this form: 
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and control of the following type is formulated: 

 

 ( ) ( ) eeeeee xkxkxkkku 443322
** +++== Kx xk 11    (11) 
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V. SOME SIMULATION RESULTS  After substitution of in Eq. (4), for the optimal mo-
dal controller this expression is obtained:   

)(* kue

To prove the offered control algorithm functionality a 
computer simulation model has been developed, using the 
MATLAB/SIMULINK software package (Fig. 5).  

 

     (12) ( ) ( ) eeee xkxkxkxkkuku 44332211
** 1 ++++−=

  

 

 Based on Eq. (12) the controller model is constructed (Sub-
system 3), shown in Fig. 3. 

 

 
 
Fig. 3. Model of the optimal 
modal controller (Subsystem 3). 

  

 
 
Fig. 4. Model of the 
current limitation by 
overtaking (Subsys-
tem 4). 

Fig. 6. Time-diagrams illustrating the drive system performance.   
  Overtaking current limitation has been applied. The respec-

tive function is as follows:    Fig. 6 shows some simulation results illustrating the per-
formance of the drive system under consideration. The ap-
plied quantization period is . The reference motor 
speed is 

ms 10 =T
rad/s 163=rω  . The reference static current is equal 

to the rated value A 6.17rat =I , while the disturbances ap-
plied sequentially are %25+=liΔ  and %25−=liΔ . The 
starting current is limited to the maximum admissible value 

A 44max =I , which provides a maximum starting torque.  
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where:  is the current limitation initial code; – scale 
coefficient. 
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 Hence, the control condition in the presence of current 
limitation will be:  
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VI. CONCLUSION 

 An approach to synthesis of optimal modal controllers for a 
class of DC motor drives is discussed in this paper.   

 The control code which should be supplied as input to the 
power converter is determined by condition (14).  In accor-
dance with it the current limitation model is composed (Sub-
system 4). This model is represented in Fig. 4. 

 The synthesis implements a combination between both - 
poles setting of the closed-loop system (modal control) and 
quadratic quality criterion minimization (optimal control). 
 Research carried out through computer simulation shows, 
that such type of control can provide good performance. 

 

 The results obtained can be used in optimization and tuning 
of such types of electric drive systems. 
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Television Image Filtering in Ship Model Analysis. 
Reduction of Noise Factors 

Milena M. Stefanova1  

Abstract – A method for image filtering in ship motion analysis 
is described. The method uses image imposing for error 
recognition and elimination.  
 

Keywords – image filtering, motion analysis, ship model 
analysis. 
 

I. INTRODUCTION 

Exploring of moving systems as well as their parameters 
requires development of systems for remote measuring. Part 
of these systems uses different types of visual methods for 
determining of the necessary parameters. One of the most 
important and fundamental parameters are the coordinates and 
the position of the explored moving body. A method for 
determining them is tracing of the explored object with the 
appropriate tracing system including two cameras on one side, 
and on the other side three dot light sources mounted on the 
object. In developing of methods for determining of 
coordinates of moving solid bodies based on tracing camera 
systems, an additional image processing is needed. A number 
of limitations and requirements are set in order to achieve best 
results. The greatest parts of the errors in these methods are a 
consequence of wrong segmented dot light sources. In this 
relation the following decision for minimizing the errors of 
this type is proposed 

II. ESSENCE OF THE METHOD 

The goal of this research work is exploring of the behavior 
of ship models. It is necessary to know their six degrees of 
freedom and to determine their motion parameters. The 
explored ship model is observed by two cameras.  It has three 
dot light sources which are actually traced by the both 
cameras. The two sequences of images are used to determine 
the exact position and behavior of the moving solid body. 

The method proposed here consists of realization of image 
imposing and error elimination. The dot light sources mounted 
on the ship model , are chosen flickering dot light sources 
with the appropriate frequency, so that the following could be 
achieved: guaranteed time of lightning and guaranteed time of 
dark, so that in two contiguous frames to have both light and 
dark. The devices are synchronized so that it is possible to 
have all the odd frames with light up sources and all the even 
frames with dark. The speed of the explored ship models is 
such that guarantees unnoticeable differences in two 

contiguous frames. 
This fact allows the imposing of the images from two 

contiguous frames for ignoring the errors. 

 

Object 

 

Tracing system 

 

Even frame 
 

Odd frame 

 

Segmentation 

 
Fig. 1. Block scheme 

 
The goal is with the imposing to be determined the identical 

segments and to remove them from the image. In this way it 
would be achieved the determining of the exact position of the 
dot light sources on the raster, as they are the only provoked 
difference between the frames. In this way is ignored the 
possibility to have accidental light sources (natural or 
artificial) as well as reflections of light sources and objects. 

III. TECHNICAL REQUIREMENTS 

For right choice of the technical appliances it is necessary 
to know the exact parameters of the image. Serious question is 
how to determine the time period of light and dark, and how 
to control them. The basic here is the image forming. The 
interlaced image forming has the following parameters: 
Field frequency: 

HzF K 50=    (1) 

 

 

Period of the frames: 
 

1Milena M. Stefanova is with the Faculty of Electronics,Technical 
University Varna, 1 Studentska Str. , 9010 Varna, Bulgaria, E-mail: 
mi1ena@abv.bg 

 

Image imposing 

 

Segmentation 

 

Results 
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FT

K
K 201

==   (2) 

 
In the interlaced forming the image always consists of lines 
(z). So for the frequency of the lines could be written the 
following: 

HzzFF Yx 156255,312.50. ===   (3) 

 
The period of the lines has: 
 

s
FT

x
x μ621

==    (4) 

These are the basics for the image forming. 
For the dot light sources is chosen a frequency equal to the 

frequency of the frames, so that it could be guaranteed light or 
dark through all of the duration of the frame. For 
synchronization it is used the vertical blanking pulse of the 
frame. By its falling edge is controlled the flickering of the 
light source mounted on the ship model. 

IV. RESULTS 

Here is an example of results on the different stages of 
applying the method. 

 
1. First step that is applied is the division of the even 

frames from odd ones. They differ from each other 
by the lightning of dot light sources mounted on 
the ship model. 

 
Fig. 2. Images taken from the cameras 

 
2. Second stage is the segmentation of both even and 

odd frames. By the segmentation is defined a 
threshold under which all the pixels of the image 
go black and over the threshold all the pixels go 
white. In this stage the brightest segments are 
differentiated from the rest of the image. 

 
Fig. 3. Segmented images 

 
3. Final stage of image processing is the image 

imposing. Both segmented images are used in this 
final stage. The resultative image. 

 
 

Fig. 4. Result after imposing 
 

In this view starts the calculation of the real coordinates of 
the explored solid body. These calculations make the real 
trajectory of the object of the exploration. 

 
Fig. 5. 3D trajectory 

V. CONCLUSION 

A method for image filtering and error minimizing is 
proposed. By this method, large percent of the erroneous data 
is ignored and the object behavior is better explored. The data 
taken has a minimum of errors and the trajectory created by 
the images is the closest to the real one. 
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Lighting System for SMD Optical Control 
Aleksei Stratev1, Valentin Videkov2 

 
Abstract – This paper presents the design of a lighting system 

for optical control of SMD PCBs and the results of its 
measurements. The main attention is drawn to the co-ordination 
of the monitoring camera sensitivity, work field and emission 
diagrams of the light-emitting diodes. Different light-emitting 
diodes, positions and lightings have been used 

Keywords – optical control, lighting, SMD, PCB. 

I.  INTRODUCTION 

Visual control methods including automated systems are 
widely used for SMD assembly control in the last decade [1]. 
The essential element in them is the system for lighting the 
objects, which allows the optimal monitoring of different 
elements. Attention is drawn to the elements themselves, as 
well as to the solders [2]. The lighters could have different 
construction and colour [3]. 

II. LIGHTING 

The objective of the lighter is to get a clear image of the 
monitored object, a part of a PCB – fig. 1, which has both 
bulging and flat forms. 

  

Fig. 1. An image for a visual control. 

1Aleksey Stratev is with the Faculty of Electronics, 8 St. Kl. 
Ohridsky blvd. Technical University of Sofia, 1797 Sofia Bulgaria,  

2Valentin Videkov is with the Faculty of Electronics, 8 St. Kl. 
Ohridsky blvd. Technical University of Sofia, 1797 Sofia Bulgaria, 
E-mail: videkov@ecad.tu-sofia.bg 

There are two basic types of lighting – with perpendicular 
and with sideways falling rays in respect to the plane of the 
PCB. Each one of the methods has its pros and cons. The 
lighting itself can be carried out with different light. The 
constructions with light-emitting diodes are widely used 
lately. The specific thing with them is the need of equal 
lighting along the monitored surface. 

Different constructions of both types were studied in 
respect to the development of the system – fig. 2. 

1 2

3

4

5

 

Fig .2. A construction with a vertical lighter. 1 – PCB, 2 – work 
field of the camera, 3 – light-emitting diodes, 4 – camera, 5 – lighter. 

The usage of only one lighter has two drawbacks due to the 
need of quick operation – lighting inequality and power 
limitation. The lighting inequality was defined using the 
emission data diagram of the source (fig. 3.a and fig 3.b.). 
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Fig. 3.a. White light-emitting diode diagram. 

The calculations revealed that it is not possible to get the 
needed power and lighting inequality of two adjacent pixels at 
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the same time in comparison with the level of the camera’s 
discretisation. 

 
Fig. 3.b. Lighting. 

The usage of power light-emitting diodes (F50380) [4] 
composed of green and red light-emitting diodes also showed 
a drawback. Colour separation is noticed when using a precise 
analysis of the image. The image from one light-diode was 
experimentally taken and stripes with different lighting were 
notices – fig 3.b. An additional study of the emission diagram 
of the different colour light-emitting diodes revealed a 
dislocation of the colours. In the scale of 20 degrees the 
dislocation reaches 15 degrees (fig. 4) in respect to the 
normal. A partial correction is possible if applying an 
individual optical system, but this does not solve the problem 
with the power. 

линия зелено 20

0.91

0.92

0.93

94

5

6

7

8

0.99

1

1.01

-2
0

-1
9

-1
4

-1
1

-8
.5

-6
.1

-3
.8

-1
.6

0.
75

2.
88

4.
62

6.
36

7.
98

9.
37

10
.8

12
.2

13
.4

14
.6

15
.8

16
.9

18
.1

19
.3

радуси

0.

0.9

0.9

0.9

0.9

от
но

си
т.

 и
зл

г

ъ

линия зелено 20

 
Fig. 4. A spatial diagram of a white light-emitting diode’s green 

specrtum. 

One colour is enough for the analysis of the image in a 
range. In this aspect, it is enough to apply lighting with red 
light-emitting diode (XLamp_7090), which is well co-
ordinated with the camera’s sensitivity for the same spectrum 
– fig. 5. 

In order to increase the lighter’s power, a matrix one 
composed of nine light-emitting diodes was developed. The 
dimensions of the matrix are below 60x60 mm and are well 
coordinated with the dimension of the plate beamsplitter 

mirror. It was needed to analyse the dynamic range in relation  
to  the light-emitting diodes’ power and camera sensitivity. 

 

Fig. 5. a. PL 741 camera reception. 

 

Fig. 5.b.  Light-emitting diode’s spectrum. 

The pictures related to two power levels are shown in fig. 6.a. 
and fig. 6.b. 
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Fig. 6.a.  Level one. 

 

degree 

Fig. 6.b.  Second level. 
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After an optimization of the distance between the light-
emitting diodes, the diffusion screen and power 2 % equality 
in the monitored zone was achieved – fig. 8. A certain power 
loss is noticed – up to 30 % depending on the diffuser, but the 
equality is significantly increased. 

A screen in the form of an opaque diffuser, which was 
placed in front of the light-emitting diodes matrix, was used to 
improve the lighting equality. The result of the screen 
brightness and optical way of such a screen analysis is shown 
in fig. 7. 
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Fig. 7.b. Optical way to object’s plane. 

The camera was saturated instead of getting an equal white 
lighting when the diodes’ power or exposition time were 
increased. 
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Fig. 8. Equality of lighting with centering and little angle dislocation. 

III.   CONCLUSION 

A construction consisting of a matrix lighter for 
perpendicular lighting of PCBs has been developed as a result 
of the investigations. It is going to be applied to the optical 
control using a digital camera. 

Optical way 
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Using the Analytic Hierarchy Process in  
Load Growth Forecast  

Blagoja Stevanoski1 and Arsen Arsenov2

Abstract – The load growth is the most important uncertainties 
in power system planning process. The application of the 
classical long-term load forecasting methods applied to utilities 
in transition economy are insufficient and may produce a 
incorrect decisions in power system planning process. This paper 
discusses using the method of analytic hierarchy process to 
calculate the probability distribution of load growth obtained 
previously by standard load forecasting methods. 

 Keywords – long-term load forecasting, analytic hierarchy 
process, probability, uncertainties. 

I. INTRODUCTION 

The basic objective of power system planning is to 
determine an investment schedule for the construction of 
generation plants and interconnection links which ensure an 
economic and reliable supply to the predicted demand over a 
planning horizon. The criteria are to minimize the total cost 
and maximize the reliability with different type of constraints. 

Several sources of uncertainty have an important impact on 
this planning process: load growth rates; economic growth, 
cost and availability of fuels and technologies; financial  
constraints; environmental constraints; interest rate; 
construction time, public opinion etc [2].  

One of the most important elements and primary tasks of a 
least cost power system planning is to accurately predict load 
requirements. Many factors affect electric load including 
population, income, electric tariffs, economic activity,  
governmental energy and environmental policies. In addition, 
random factor such as weather affect demand. As a result, 
there is significant degree of uncertainty and variability 
around demand forecasts. Results obtained from load 
forecasting process are used in different areas. Long-term load 
forecasting is applied to expansion problem and long-term 
capital investment return problem. 

Accurate models for long term forecasting are essential and 
help electric utility, financial institutions and other 
participants in energy system planning to make important 
decisions. With the deregulation of the energy industries, 
decision on capital expenditures based on long-term forecasting is 
also more important. 
 Long-term load forecasting represents the first step in 
developing future generation, transmission, and distribution 
facilities. Any substantial deviation in forecast, particularly under 
the new market structure, will result in either overbuilding of 
supply facilities, or curtailment of customer demand. 

 1Blagoja  Stevanoski is with the Faculty of Engineering, I. L. Ribar bb, 
7000 Bitola, Macedonia, E-mail:blagoj.stevanovski@uklo.edu.mk 
 2Arsen Arsenov is with the Faculty of Electrical Engineering and 
Information Technologies, Karpos II bb, 1000 Skopje, Macedonia,           
E-mail: aarsenov@etf.ukim.edu.mk 

Many classic approaches have been proposed and applied to 
long-term load forecasting to estimate model parameters, 
including static and dynamic state estimation techniques (least 
error squares technique), methods based on artificial intelligence 
such as artificial neural network and expert systems. Genetic 
algorithms have recently received much attention as robust 
stochastic search algorithms for various problems.  

The confidence levels associated with classical forecasting 
techniques are unlikely to be similar to those utilities in transition 
country. This is attributed to the differences in the nature of 
growth, socio-economics conditions, occurrence of special events. 
Under such condition, these forecasting techniques are insufficient 
to establish demand forecast for long-term power system 
planning. Consequently, this case requires separate consideration 
either by pursuing the search for more improvement in the 
existing forecasting techniques or establishing another approach to 
address the forecasting problem of such systems. Standard 
approach in this case is to establish several scenarios, mostly three 
scenarios (low, base and high scenario) with tree different 
supposed future demand condition [5].       
 In this paper, the results obtained by classical forecasting 
method are added in order to obtain probability distribution of 
load growth. The method of analytic hierarchy process is used for 
this purpose. 

II. ANALYTIC HIERARCHY PROCESS 

The Analytic Hierarchy Process (AHP) is multiple-criteria 
decision-making approach and was introduced by Saaty [1]. The 
AHP has attracted the interest due to the nice mathematical 
properties of the method and the fact that the required data are 
easy to obtain. The AHP is a decision support tool which can be 
used to solve complex decision problems. It uses a multi-level 
hierarchical structure of objectives, criteria, sub criteria and 
alternatives. The pertinent data are derived by using a set of pair 
wise comparisons. These comparisons are used to obtain the 
weights of importance of the relative performance measures of 
alternatives in terms of each individual decision criterion. If the 
comparisons are not perfectly consistent, then it provides a 
mechanism for improving consistency. The AHP is process that 
consists of several steps: 

 
1. Decide upon the criteria for selection. 
2. Create a judgment matrix by pair-wise comparing the 

entire factor at one level of the hierarchy with respects 
to each factor in immediately preceding level.  

3. Compute the eigenvector of the judgment matrix for 
the largest eigenvalue. 

4. Calculate the composite priority vector from the local 
priorities associated with each judgment matrix. 
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One of the most crucial steps in many decision-making 
methods is the accurate estimation of the pertinent data. Often 
qualitative data cannot be known in terms of absolute values. For 
instance, questions like “what is the worth of regulators authority 
on load growth”. Although information about this questions are 
vital in making the correct decision, it is very difficult, if not 
impossible, to quantify them correct. Therefore, many decision 
making methods attempt to determine the relative importance, or 
weight, of the alternatives in terms of each criterion involved in 
given decision-making problem [3]. 
 In approach based on pair wise comparisons, which was 
proposed by Saaty, the decision-maker has to express his opinion 
about the value of one single pair wise comparison at a time. Each 
choices is a linguistic phrase like “A is more important than B”, or  
“A is of the same importance as B”, or  “A is a little more 
important than B” and so on. The main problem with pair wise 
comparisons is how to quantify the linguistic choices selected by 
the decision maker during their evaluation. According to scale 
proposed by Saaty, the decision-maker has to choose his answer 
among 17 possible discrete choices as a set of integer numbers [1].  
 The decision problem is broken up into layers, each layer 
influencing the entities in the level immediately above it. 
Beginning from the second level of the hierarchy, each entity is 
given a weight by pair wise comparison of  factors in that level 
respect to every factor in the upper level. This process will create, 
for decision problem with n-layer hierarchy, a set of judgment 
matrices [A] generated for each of (n-1) evaluation levels. To 
create a judgment matrix with m factors, at least (m-1) ratio 
questions need to be asked. If denote the relative importance of    
i-th factor with respect to j-th factor by aij , than the relative 
importance of  j-th factor with respect to i-th factor would be 1/ aij  
and the importance of every factor with itself  (aii) is equal to one. 
The matrix obtained in this way is called “reciprocal judgment 
matrix” or “pair-wise comparison matrix”. 

The next step is creation of a judgment matrix and extract the 
relative importances implied by the previous comparisons. Saaty 
asserts that to answer this question one has to estimate the right 
principal eigenvector of  the obtained judgment matrix. The 
eigenvector analysis is a unique technique to determine the 
relative ranking of factors with respects to a certain objective. This 
procedure uses the eigenvector analysis to calculate the individual 
and overall influence of factors on the goal.  The priority vector 
witch gives the ranking of the factors is obtained by normalizing 
the principal eigenvector  p of judgment matrix witch is obtained 
by solving the eigenvalue problem: 

[A] ⋅ p = λmax ⋅ p         (1)  
where  λmax is the principal or the largest real eigenvalue of 
judgment matrix. The priorities in the n – level hierarchy with 
respect to the goal can be calculated using the following matrix 
equation: 
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where mi is the number of elements at level  i and  ,
,
k l
i jp   is the 

priority of element  i at level  j  with respect to element  k at 
level  l. 

III. CASE STUDY 

 The sample study illustrate using the analytic hierarchy process 
to calculate the probability distributions of  load growth [2]. The 
supposed factors affecting load growth are changes in economic 
conditions, customer behavior including end-use practices and 
response to technology changes, and DSM (demand side 
management) impacts, mainly on load demand and energy. 

Figure 1 shows the hierarchical structure consists of three 
layers, from main goal down to the three objectives (high load 
growth, base load growth, low load growth).  
 
 
 
 Load 

Growth  
 
 
 
 
 
 
 

Customer 
Behavior 

Economic 
Conditions

DSM 
Impacts

 
 
 
 
 
 

High Load 
Growth

Base Load 
Growth 

Low Load 
Growth

 
Fig. 1. Hierarchy for load growth assessment 

 
 
 Starting from second layer of the hierarchy, pair-wise 
comparison of relative importance between each pair of factors at 
that level with respect to every connected factor on the upper layer 
is made. The result of these pair-wise comparisons is judgment 
matrices to each level, as given in Table 1.  

For example, the supposed intensity of importance on ratio 
questions “ how much important is the factor ‘economic 
conditions’ in comparison with ‘customer behavior’ and  ‘DSM 
impacts’ is  3 (weak importance) and  5 (strong importance) 
respectively (according to scale proposed by Saaty [1]).  Table 1 
also gives the local priority vector associated with each judgment 
matrix for each evaluation level calculated using the eigenvector 
prioritization method.  
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IV. CONCLUSION TABLE 1. JUDGMENT MATRICES AND PRIORITY VECTORS FOR THE 
HIERARCHY OF FIGURE 1 

 Accurate load forecasting is very important for power 
system planning process, especially in a competitive 
environment created by the electric industry deregulation [4]. 
The results of the classical long-term forecasting methods are 
insufficient to establish demand forecast for long-term power 
system planning. There are always a number of uncertainties 
regarding future socio-economic conditions, national economy 
restructuring and energy developments. For Macedonia, as a 
transition country,  this is magnified by dependence on regional 
trade and political stability. Usually approach, in those conditions, 
is to prepare three main scenarios (Reference, Low, High) for 
expected electric energy growth rate [5]. It is useful to made 
additional effort to made probability assessment of load growth in 
order to support the decision making process. In this paper, 
method of analytic hierarchy process is used for this purpose. The 
obtained resulting global priority vector represent the relative 
weight i.e. probability of load growth rate. 

Level 2.1     Load Growth 
 
Economic conditions   1   3   5   0,6571 
Customer Behavior    1/3  1   1/2  0,1466  
DSM Impacts      1/5  2   1   0,1963 
 
Level 3.1     Economic conditions 
 
High Load Growth    1   1/5  1/3  0,1047 
Base Load Growth    5   1   3   0,6370 
Low Load Growth    3   1/3  1   0,2583 
 
Level 3.2     Customer Behavior 
 
High Load Growth    1   1/7  1/3  0,0810 
Base Load Growth    7   1   5   0,7306 
Low Load Growth    3   1/5  1   0,1884 
 

REFERENCES Level 3.3     DSM Impacts 
 

[1] T.L. Saaty, ”The Analytic Hierarchy Process”, McGraw-Hill 
International, New York, NY, 1980. 

High Load Growth    1   1/5  1/7  0,0719 
Base Load Growth    5   1   1/3  0,2790 

[2] J. Pan, S. Rahman, “Multiattribute utility analysis with 
imprecise information: an enhanced support technique for the 
evaluation of electric generation expansion strategies”, Electric 
Power System Research 46, pp. 101-109, 1998. 

Low Load Growth    7   3   1   0,6491 
 
 The global priority vector, i.e., the composite priority vector 
from the bottom layer with respect to the top layer, is computed 
according to (1). The resulting global priority vector is given 
below and indicates that the relative weight i.e., in this case, 
probability of  high, base, and low load growth is 0,095; 0,58; 
0,325 respectively  (2).  

[3] E. Triantaphyllou, H. S. Mann, “Using the Analytic Hierarchy 
Process for Decision Making in Engineering Applications: 
Some Challenges”, International Journal of Industrial 
Engineering: Applications and Practice, Vol. 2, No.1, pp. 35-44, 
1995. 
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Investigation of Power Line Regime Parameters in Case 
of Switching over with Switch Gears in Electrical 

Networks 20 kV 
M. Vasileva1, M.Hamza2, A.Filipov3  

Abstract – This paper presents the results of model 
research of the regime parameters (currents and voltages) in 
an electrical network 20 kV during operations with a switch 
gear of a power line without a load. The most widespread 
electrical distributing networks in Bulgaria are the medium 
voltage networks 20 kV. They have many kinds and are very 
branched. Some operations can be fulfilled by the switch 
gears. The network regime parameters change in this case. 
 

Keywords –  medium voltage, switch gear, overvoltages. 

I. INTRODUCTION 

An uninterruptedness of the consumer’s power supply 
depends on the operations of medium voltage power 
networks and on the determination the indexes for the 
power supply quality (CAIDI, SAIDI, SAIFI) [5], [6]. This 
problem is very topical in the last years. 

A disconnection of the damaged part is one of methods 
for a decrease of  the consumer’s number without power 
supply.    

 The most widespread electrical distributing networks in 
Bulgaria are the medium voltage networks 20 kV. They 
have many kinds and are very branched. Some operations 
can be fulfilled by the switch gears. The network regime 
parameters change in this case. 

II. IMITATION MODELS 

The aim of the paper is to study the regime parameters 
(currents and voltages) in an electrical network 20 kV 
during operations with a switch gear of a power line 
without a load.  

The following variants are studied: 
1. Disconnection with a switch gear of an air power line 

(APL) or a cable (CPL) without a load.    
The studies are made:  

- for different length of the lines;  
- when the voltage has a maximum or a zero value 

(φ=90° or φ=0°).    
Figure 1 shows the power line scheme of this case.  
2. Connection with a switch gear of a air power line or 

cable without a load on a power supply in both sides. 
The imitation model  of an electrical network 20 kV is 

used for study of the regime parameters [1]. The imitation 
model includes following blocks: supply system (S); power 
transformer 110/20 kV (РТ 110/20); power line 20 kV – air 
or cable (W1,W2); power transformer 20/0,4 kV (РT 
20/0,4) and switch gear. 

The structural elements of the network have following 
parameters: power transformer - 110/20 kV, 63 MVA; air 
power line (W1, W2) conductor type AC95; cable type 
САХЕкТ 120; power transformer – 20/0,4 kV, 25 kVA;  
switch gear РОМ 20/200, switching possibility 25 A 
inductive current [2].  

Control parameters for an appraisal of the processes 
are: phase current (I1) and voltages between the poles of 
the switch gear (U2). (fig. 3) 

Figure 3 shows the model  network scheme in case of 
disconnection with a switch gear of a  power line without a 
load. The scheme is realized  in MATLAB SIMULINK.  

III. EXPERIMENTAL RESULTS 

The studies are made for the air power line with length 5 
km and 50 km. Influence of the power line length is studied 
over the disconnection possibility of the switch gear. 
Figure 4 and Figure 5 show the results for the phase 
currents and the overvoltages between switch gear’s poles 
in case of disconnection with a switch gear of an air  power 
line without a load (length 50 km – fig. 4; length 5 km –
fig. 5). The voltage has zero value (φ=0°). 
Figure 6 shows the results on the same initial conditions as 
fig. 4 but the power transformer is switched off  in a 
medium voltage side.  
Figure 7 shows the regime parameters in case of 
disconnection with a switch gear of a cable power line 
without a load. The voltage has zero value (φ=0°). 

1Margreta Vasileva is from the Faculty of Electrical Engineering,
Technical University, Studentska 1, 9010 Varna, Bulgaria,
E-mail:  m.vasileva@tu-varna.acad.bg  

2Mediha Hamza is from Faculty of Electrical Engineering,
Technical University, Studentska 1, 9010 Varna, Bulgaria,
E-mail:  mediha.hamza@tu-varna.acad.bg  

3Anton Filipov is from the Faculty of Electrical Engineering,
Technical University, Studentska 1, 9010 Varna, Bulgaria,
E-mail:  filipov@ tu-varna.acad.bg 

Figure 8 and figure 9 show the dependence between 
capacitance current and length of air power line (for AC 50 
and AC 95) and cable power line (for OCБ 120 and 
САХЕkT 185). The currents are calculated for a rated 
voltage 21 kV.  
Figure 10 and figure 11 show the results in case of 

connection with a switch gear of a power line without a load 
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on a power supply in both sides. Voltage dephasing is  0° or 
120°.  
Figure 12 shows the results when the Voltage dephasing is  
5°. 
Figure 13 shows the regime parameters in case of 
connection with a switch gear of an air power line without 
a load on a power supply in both sides when the power 
transformer’s voltages are 19 kV and 21 kV. 
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0 0.05 0.1 0.15 0.2 0.25 0.3 0.35
-3

-2

-1

0

1

2

3

t, s

i, 
A

0 0.05 0.1 0.15 0.2 0.25 0.3 0.35
-3

-2

-1

0

1

2

3

4
x 10

4

t, s

u,
 V

UA
UB
UC

iA
iB
iC
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Fig. 2. Scheme of a power line (variant 2) 
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of an air power line 

 

 

 

 

 

      Fig. 9. Dependence between a capacitance current and a length 
of a cable power line 
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power line without a load on a power supply in both 
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IV. CONCLUSION 

 The maximum values of the overvoltages between the 
switch gear’s poles are changed in an interval  1,28 –

 1,94 p.u. ( 2.1 . .
3

mUp u = ; Um=24 kV). This overvoltages 

are not dangerous for the switch gear’s air insulation 
and will not lead to the repeated discharges.  

  There aren’t  a surface discharge on the supporting 
insulator. 

 Overvoltages between  the switch gear’s poles are 
dangerous for the cable insulation, particularly when the 
insulation has decreased electrical strength.     

 The values of the current flowing through the switch 
gear of the air power line’s part are lower in comparison 
with the cable part (Fig. 4). 

 The operation of the switch gears depends on the length 
of the power line. It influence is bigger in the cable 
power lines due to higher capacitive current.   

 The higher values of the overvoltages are received at 
the switching off of the power lines without loads and 
switched off supply transformers at the medium voltage 
side. (Fig. 6). 

 

 

 
 The currents through the switch gear and overvoltages 

are not danger (Fig. 10) under switching on of the 
supplied from the booth sides line at the phased 
voltages even at differing amplitudes, but the currents 
values are similar as the short circuit current when there 
are dephased voltages (Fig. 11).  

 The current through the switch gear doesn’t have high 
values (up to 6 A at the length of cable power line to 5 
km) without loads. 
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gear’s poles in case of connection whit a switch gear of an 
air power line on a power supply in both sides. The power 
transformer’s voltages are 19 kV and 21 kV. 
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 Fig. 12 Phase currents and overvoltages  between
switch gear’s poles in case of connection whit a switch
gear of an air power line on a power supply in both
sides. Voltage dephasing is  5°. 



 

Using of Matlab Simulink for  
Education in High Voltage Technics and Electrical Safety 

Margreta Vasileva1 and Marinela Yordanova2 

Abstract – The using of contemporary methods for education 
in the area of high education enables for visualization of the 
studied processes and phenomena, increasing of the students’ 
interest and improving their individual work. The paper presents 
MATLAB Simulink models for analytical research of the 
dangers from an electrical shock under normal and fault 
conditions of electrical networks low voltage at direct and 
indirect contact. Standard libraries and own models are used.   
 

Keywords – MATLAB Simulink, Education, Electrical safety, 
High voltage technics. 

I. INTRODUCTION 

The using of contemporary methods for education in the 
area of high education enables for visualization of the studied 
processes and phenomena, increasing of the students’ interest 
and improving their individual work. A program product for 
visual programming (software package for modeling and 
simulating of dynamic systems Simulink from the system 
MATLAB) is used in this paper. The characteristics of 
researched systems are inputted in conversational mode by 
graphical drawing up of the scheme from the elemental 
standard blocks (units). As a result a model of researched 
system or device is received. The models can be easily built, 
parameters can be changed and the results from it can be 
immediately seen.  

The processes arising under normal and fault conditions of 
electrical networks at direct and indirect contacts of a person 
can be visualized with the help of MATLAB Simulink. 

This software package is very suitable for research of wave 
processes in power systems. 

II. IMITATION MODELS 

A. Imitation of electrical grids 

Figure 1 shows imitation models for research of wave 
processes in case of  wave’s refraction and reflection in the 
node. 

Imitation models include following blocks: distributed 
parameters line model  (W1, W2), capacitance (C), inductance 
(L), wave model (Blok1, Blok2) and  measuring devices for 

voltages. 

 
a) 

 
b) 

Fig.1. Imitation models for study of wave processes 
a) Capacitance in node; b) Inductance in node. 

Imitation models of electrical grids low voltage type TN 
(TN-C, TN- S, TN-C-S), IT, TT are done. Standard libraries 
and own models are used [2]. Imitation models include 
following blocks: 

- block System; 
- Three phase transformer 20/0,4 kV; 
- Same blocks model lines with different parameters; 
- Block “Human body”; 
- Block or blocks “Load”- one or three phase loads; 
- Measuring devices for currents and voltages; 
- Earthing devices – of the neutral of transformer, for 

repeat earthing of the lines, for protection of the loads 
etc. 

B. Model of human body 

The human body is modeled by following replaced scheme 
Fig. 2 (IEC 601-1 Medical electrical equipment, Part 1: 
General requirements for safety): 

 

1Margreta Vasileva is from the Faculty of Electrical Engineering,
Technical University, Studentska 1, 9010 Varna, Bulgaria, E-mail: 
m.vasileva@tu-varna.acad.bg  

2 Marinela Yordanova is from Faculty of Electrical Engineering,
Technical University, Studentska 1, 9010 Varna, Bulgaria, E-mail: 
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C. Research of wave processes in case of  wave’s refraction 
and reflection in the node 

The traveling wave changes its shape and amplitude when 
it meets a heterogeneity. The wave that travels after the 
heterogeneity is called refracted and the returned wave –
reflected wave. The point between the heterogeneities is 
called a node. The model schemes are developed [4]  for 
research of wave processes in case of connecting of the 
different elements in the node. 

Wave processes can be visualized whit the help of model 
schemes given in the fig. 1 in case of wave’s refraction and 
reflection in the node with connected a capacitor and a coil. 

The capacitance and the inductance can be changed in the 
model and their influence over the amplitude and the shape of 
the incoming impulse wave can be observed.  

An impulse overvoltage wave with amplitude of 60 kV, a 
front duration – 1 μs and wave duration 10 μs is modeled.  

Fig. 3 and fig. 4 show exemplary results of the researchs. 
 

 

D. Example of research in the electrical grid TT 

An example of use of MATLAB Simulink for education in 
electrical safety is shown in the Fig. 5. It can demonstrate 
different cases of touches in the high voltage (20 kV) line and 
in low voltage (0.4 kV) line. Blocks of scheme are: 

- Block System; 
- Three phase transformer 20/0,4 kV with a grounded 

neutral; 
- Blocks Line 1, Line 2 model three phase lines with 

different parameters; 
- Blocks Line 3, Line 4 model one phase lines; 
- Block “Human body”- according fig. 2; 
- Block “Load”- one phase load; 
- Measuring blocks for current via body and applied 

voltage; 
- Earthing devices – of the neutral of transformer R0, for 

repeat earthing of the lines Rr, for protection of the 
loads Rp etc. 

This simulation model can visualize following cases studied 
in electrical safety: 
1) Direct contact of a person to the phase conductor in the 
electrical grid HV under different work regimes of the 
neutral – a part of line between System and Transformer; 
2) Direct contact of a person to the phase conductor in the 
electrical grid LV – a part of line between each two blocks 
Line 1 to Line 4; 
3) Direct contact of a person to the phase conductor in the 

electrical grid HV and LV under different work regimes of the 
line (decreasing of the insulation’s resistance, short circuit 
etc.); 

 4) Indirect contact in LV line under an insulation fault in 
the Load 1 and person‘s touch to the casing – Point 1; 

- Research of the effectiveness of the automatic 
disconnection of the supply in electrical grids TN – breaking 
of the connection with the earth resistance Rp and creation of a 
connection of the Point 1 with Neutral conductor of the line 
instead. 

- Research of the effectiveness of the protective earthing  in 
electrical grids TT and IT. For electrical grid IT Transformer 
must work with insulated neutral. 

5) The influence of the factors “Frequency” and “Voltage 
under human current can be researched changing these 
parameters of the source. 

D. Other research 

The students can model above mentioned situations by 
switching off and switching on of the different Blocks in the 
imitation scheme and can receive the results in graphical 
mode. 

Fig. 6, Fig. 7 and Fig. 8 show exemplary results for same 
researched cases. 

Fig. 6. shows the results for Ih and Uh at direct contact to 
the phase conductor in an electrical grid IT.

Fig. 3. Inductance in the node 
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The results correspond to the accepted value of electrical 
resistance of human body Rh= 1000Ω. Fig. 7 presents the 
results of the same case but with a value of Rh = 105, which 
value is more precise due to the applied voltage is low. 

Fig. 8 shows the value of the current through the human 
body and of the voltage of the conductor PE (UPE). These 
results present the case when protective conductor is break 
down before the load under insulation fault. The presence of a 
repeated earth resistance after the load ensures a reserve way 
of a defect current Id. The voltages of the conductor PE before 
and after the load are in phase opposition. 

 

 

III. CONCLUSION 

The propounded method and the imitation schemes give the 
possibility on the students’ own to research almost all possible 
situations of  wave’s refraction and reflection in the node and 
of direct and indirect contact and to do an evaluation of the 
electrical safety. It should improve their sound knowledge. 
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Influence of the Loss of Voltage 
onto the Quality of Road Lighting  

Zahari A. Ivanov1   

 
Abstract – The calculation of the lighting technical 

parameters of road lighting systems requires that the voltage 
tapping is accounted. Even when the voltage tapping is within 
the admissible standard values, the flood of light for Sodium 
lamps is established to be considerably decreased. 

 

Keywords – Road lighting, Voltage drop, Voltage fluctuations, 
ICEST 2008. 

I. INTRODUCTION 

In compliance with the Bulgarian National Standard 
(BNS) the working voltages of the electric distribution 
network are – 230/400 V. According to BNS EN50160 the 
voltage in the system may range from 92÷106% of the 
working supplying voltage of the consumers.  

As it is known, the sections of the electric lines supplying 
the road lighting are calculated with admissible loss of 
voltage ΔU = 3%, which, in cases of direct supply from 
switchgear, is 5% correspondingly.  

When the supplying voltage is reduced to within the range 
of 5%, the flood of light for the different lamps decreases to 
80% of its nominal value. [1, 2]. This drop in the flood of 
light by value is approximately equal to the operation factor, 
which is about 80% with the well-maintained installations. 
Therefore, the ‘voltage factor’ is, due to its value, as 
important as the maintenance factor. 

The tapping of the supply voltage has also effect on the 
color temperature of the lamp, the endurance of the lamp and 
the starting regulatory appliances and other basic parameters.   

In addition, when the supply voltage increases sharply to 
above the ballast nominal, the power of the lamp set grows - 
ballast and consumption of electricity, endurance of the lamp 
and ballast considerably decrease but the risk of fire 
increases.  

II. CALCULATION OF THE LOSS OF VOLTAGE IN THE 
ROAD LIGHTING ELECTRICAL SYSTEM 

The calculations done are based on a particular example of 
road lighting system – city highway of class ME1, Lav=2,0 
cd/m2 with length of 700 m and width of m. The main road-
bed consists of two road-ways of 10.50 m, each with thee 
lanes in one direction and dividing strip of 1.50 m. Sodium 
lamps of high-pressure (SLHP) are used as light sources: 
with power of 250W in the central part and 150W sideward. 

 
1Zahari A . Iva nov  is with the Faculty of Electrical Engineering 
8. Kliment Ohridski Blvd, 1756 Sofia, Bulgaria,  
E-mail: zai@tu-sofia.bg 

The supply of the road lighting system (RLS) is of three-
phase by CBT-cable (Fig.1). The loss of voltage is 
calculated for the most loaded branch (that is №2). 17 lamps 
are connected to each phase R and S, and 16 – to phase T.   

 
 

  
Fig. 1. Supply  scheme of road lighting system  

 
With such power, type and section of the cables and 

distance between the illuminators the loss of the voltage is 
calculated in two ways: 1) when reading just the active 
resistance of the electrical line and 2) when the inductive 
resistance of the line is taken into account. The second 
method enables the calculation of losses in three possible 
situations: a) without compensating inductive charge (cosφ 
=0.5); b) by compensation with individual capacitors (cosφ 
=0.9) and c) with electron starting-regulatory appliances - 
ESRA (cos φ =1).  

Based on the calculations a conclusion can be drawn that 
when the ‘power’ of reactive resistance in the cables is 
ignored in simple calculation, the error is of 30%.  (∆U = 
4,60 % when the reactive cable resistance is read and  3,21%  
when it is not). This comparison is made for scheme with 
compensation (cos φ =0,9 ). When cos φ =1, the error 
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between the two methods of calculations is 26%.  
Obviously, the second method is the right one since the 

really existing voltage losses in the inductive resistance of 
the line are not ignored.   

The losses of the voltage in the line are least with ESPA 
(cos φ =1 and least losses of power) if we compare the 
results obtained by the method with reading the reactive 
component and different cos φ.  ESPA provide for stable 
parameters of the lamp with tapping of the supply voltage 
within the range  ±20%.  

III. ANALYSIS OF THE EFFECT FROM THE VOLTAGE 
LOSS ONTO THE LIGHT-TECHNICAL PARAMETERS 

OF THE ROAD LUGHTING SYSTEM 

For the example given above, the loss of the voltage is 
calculated and the effect of this loss onto the flood of lamp 
light is defined. The brightness of the road is also fixed. We 
shall see in details the calculations with phase R and cos φ = 
0,9 .  

Experimentally I studied the effect of the tapping of the 
voltage on the parameters of the lamps of different discharge  
[1]. On the basis of the procession of the experiment results, 
the studied dependences from the electrical network voltage 
are best described with polynom of second degree: 

 
 

Y = A0 + A1  .Um + A2  .Um 2,  (1) 
 
where:   
Y – electricity of the lamp (Il) , power of the scheme (Рsh), 

lighting of the lamp (Еl) measured in the spherical photometer 
or voltage of the lamp (Ul);  

A0, A1 and A2 are coefficients whose values for SLHP 
250W  are pointed in Table I.  

 
TABLE I 

 
SLHP 
250W А0 А1 А2 

Il 1,22 0,00465 0,0000174 
Psh 861,3 - 9,01 0,0278 
Еl 6724,5 - 112,22 0,55 
Ul 675,74 - 6,42 0,0167 

 
 

 The electrical and light-technical parameters of the lamps 
for fixed values of voltage above and below the nominal may 
be defined through the so suggested analytical dependencies.   
 The loss of voltage to every lamp and its supply voltage 
are calculated. The values of the flood of light, the electricity 
and power are estimated through (1). For example, for the first 
lamp № 1 it was calculated that the loss from the switchgear 
to it was 2,83 % or 6,23 V. That means that lamp № 1 shall 
not have supply voltage of 220 but (220-6,23) V = 213,77 V. 
Likewise for the other lamps supplied from phase R. 
 The results obtained are given in Table II. 

 
 

TABLE II 
 

SLHP  
250W Um, V Ф, lm I, А P, W 

№ 
lamp 220 

 
31100 

 
3,000 

 
250 

1 213,77 29533 3,009 205,62 
4 213,31 29418 3,003 204,31 
7 212,88 29312 2,998 203,09 

10 212,48 29213 2,993 201,96 
13 212,11 29121 2,989 200,92 
16 211,76 29035 2,984 199,97 
19 211,45 28958 2,981 199,10 
22 211,16 28889 2,978 198,31 
25 210,90 28823 2,975 197,61 
28 210,67 28766 2,972 196,99 
31 210,47 28717 2,969 196,44 
34 210,30 28676 2,967 195,98 
37 210,16 28641 2,966 195,60 
40 210,04 28612 2,965 195,30 
43 210,96 28592 2,963 195,06 
46 209,90 28577 2,962 194,91 
49 209,87 28569 2,961 194,84 

 
 

From Table II and Fig.2 it is seen that with loss of voltage 
calculated so far to ΔU = 5% the flood of light decreases by 
5,04 %  at the third lamp, 5,8% at the fourth and 8% at the 
last one.  

It must be taken into account also that in the course of 
exploitation, due to the fast aging (drop in the flood of light) 
of the lamps at the beginning of the electrical circuit (higher 
voltage) and slower aging at the end of the electrical circuit 
(lower voltage), the state of decrease in the flood of light 
along the electrical circuit becomes worse. If not timely 
maintained for the faster aging, the result shall be fusing of 
the lamps at the beginning of the electric circuit. With 
increase in the loss of voltage in the electrical circuit the 
differences in the aging speed shall become bigger.  

 
 

 
 
Fig. 2. Dependency of the flood of light on the supply voltage  
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IV. ANALYSIS OF THE EFFECT FROM THE VOLTAGE 
LOSS ONTO THE CHANGE OF THE BRIGHTNESS 

FOR THE ROAD IN THE SPECIFIED ROAD 
LIGHTING SYSTEM 

For the example set the average norm brightness is Ln av ≥ 
2cd/m2. The calculated value of Lav   has to be  ≥2,5 cd/m2  

where maintenance factor is = 0,8. With such disposition of 
illuminators (the area between stairs - 30m  and height 14m), 
type and power of the lamps the brightness is set at L av  = 
2,5 cd/m2    (Fig. 3). 

 

 
 

Fig. 3. Brightness onto the road 
 

For SLHP and admissible loss of voltage ΔUa = 5% we 
report the so called ‘factor of voltage’ - 0,87 [2]. The 
average brightness is Lav = 2,5*0,87 = 2.175 cd/m2. 

The entire examination shows that installations with ‘big’ 
losses of voltage are of low quality not only due to 
considerable decrease of the flood of light, the change of the 
brightness and evenness, but also due to the expensive 
maintenance. If group changing of the lamps is undertaken 

with such installations, more than half of the lamps must be 
changed far too early. This also means that with installations 
of big difference in the supply voltage of illuminators there 
must be undertaken partial or separate change of the lamps. 

V. CONCLUSION 

Considerable decrease in the flood of light are established 
in the Sodium lamps of high-pressure (SLHP) even where 
the tapping of voltage is within the admissible standard 
values. Therefore, when designing road lighting systems it is 
suggested that the flood of light of SLHW is increased in 
accordance with the tapping of voltage for every line. 

The exact calculation of the loss of voltage (by reading of 
the reactive resistance of cables), is also a very important 
factor.  

Stabilizers of voltage and special ballast with terminals of 
lower and higher values of SLHP-supply voltage must be 
used.  

In the lighting devices there must be used ESRA allowing 
tapping of the supply voltage without changing the flood of 
light of the lamps. The means of gradual regulation of the 
flood of light and brightness of the road is another 
considerable advantage.  
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Application of Neural Networks for Analysis in Bolted 
Busbar Connections of New Design 

Snejana T. Yordanova1 and Raina T. Tzeneva2  

Abstract -The work reported describes how introducing slots 
(design S), slots, ending with small holes (design SH) and 
perforation groups of small holes (design G) in a proper way 
around the bolt holes in high power bolted busbar connections 
increases significantly the true contact area and therefore 
reduces contact resistance. Neural network analysis is applied for 
every of the three designs in order to find possible better 
solutions in the design.  
 

Keywords –Bolted busbar high power connections, Bolt holes, 
Neural network analysis, New design shape. 

I. INTRODUCTION 

Steadily increasing energy consumption in densely 
populated regions imposes severe operation conditions on 
transmission and distribution systems, which have to carry 
greater loads than in the past and operate at higher 
temperatures. 

Power connections are generally the weak links in electrical 
transmission and distribution systems – both overhead and 
underground systems.  

Mainly, there are two factors that affect the reliability of a 
power connection. The first is the design of the connection 
and the material from which it is fabricated. The second is the 
environment to which the connection is exposed. 

The fundamental requirements for the design of reliable 
high-power connections used in bare overhead lines are given 
in [1]. The basic design criteria for power connectors are: 
maximization of electric contact true area, optimization of 
frictional forces with conductors (buses), minimization of 
creep and stress relaxation, minimization of fretting and 
galvanic corrosion, minimization of differential thermal 
expansion along and normal to interfaces. Summarizing the 
major connection design criteria, mentioned above it is 
worthwhile noting that all the criteria can be met 
simultaneously by working out an outline that achieves a 
sufficiently large contact load, a large area of metal-to-metal 
contact and sufficient elastic energy storage in the connection 
to maintain an acceptable connector’s contact load throughout 
the service life of the connection. 

The aim of the present investigation is to apply neural 
network analysis in bolted busbar connections of new design 
in order to find possible better solutions in the design. 

II. THEORETICAL BACKGROUND 

The new slotted hole shape arises from [2, 3]. Boychenko 
and Dzektser have shown that changing the connection design 
can equally be effective in increasing the contact area. In other 
words, cutting longitudinal slots in the busbar, the actual 
surface area of a joint can be increased by 1.5 to 1.7 times of 
that without slots. The contact resistance of joint configuration 
with slots is 30-40% lower than that of the classical case and 
is mechanically and electrically more stable when subjected to 
current cycling test [4], [5]. The beneficial effect of sectioning 
the busbar is attributed to a uniform contact pressure 
distribution under the bolt, which in turn, creates a larger 
contact area. This case is investigated in [6]. 

This idea is developed in [7], [8] and a new slotted hole 
shape for bolted high power connections – design S is 
proposed. Fig. 1 shows the hole shape of the 11 investigated 
cases. A significant rise in contact pressure and contact 
penetration is obtained. 

         
Fig. 1. Hole shape of design S with 2, 4 or 8 slots 

The cases are as follows: 
case1– classical case – copper busbars with 2 bolt holes; 
case2– the slots are parallel to the busbar axis; 
case3– the slots are perpendicular to the busbar axis; 
case4– mixed case – one of the busbars belongs to case 2 

and the other one to case 3; 
For cases 2 to 4 all bolt holes have two slots of length 3mm 

and width 1mm. 
In cases 5 to 8 the busbar holes have 4 slots, 3mm long with 

variable width, arranged in such a way that the pairs of slots 
are on mutually perpendicular axes, rotated at 45 degrees 
about the busbar axes. Widths are: 

case 5 – 0.3mm; case 6 – 0.5mm;   
case 7 – 0.7mm;  case 8 – 1mm; 
case 9 – the 4 slots are not rotated; 
case 10 – mixed – the first busbar corresponds to case 8 and 

the second one to case 9; 
case 11 – a busbar hole with 8 slots of length 3mm and 

width 1mm; 
Considered next is design SH, investigated in details in [9] 

and illustrated in Fig. 2. The new shape is that of bolt hole 
slots ending with small circular gaps. There is ample of 
contact pressure and contact penetration data gathered. 
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Fig. 2. Bolt hole slots, ending with small circular gaps 

Table I describes the 11 investigated cases of different slot 
width and radius of the small circular holes. 

TABLE I 
Case No 1 2 3 4 5 6 7 8 9 10 11

Slot width,  
mm 

0 0.3 0.3 0.3 0.3 0.5 0.5 0.5 0.7 0.7 1.0

Small hole 
radius, mm 

0 0.3 0.5 0.7 1.0 0..5 0.7 1.0 0.7 1.0 1.0

Cutting thin slots in copper or aluminum poses certain 
difficulties that could be overcome effectively by changing 
the slots with groups of two or four small holes - design G. 

There have been studied 13 different design G cases.  
case 1– classical case – copper busbars with 2 bolt holes; 
case 2– two horizontal groups of two holes of diameter 

Ø1mm and distance of 0.9mm between the holes, parallel to 
the busbar axis; 

case 3– two vertical groups of two holes of diameter Ø1mm 
and distance of 0.9mm between the holes; 

case 4– mixed case – one of the busbars in the connection is 
of case 2 and the other one is of case 3; 

case 5 – eight groups of two holes of diameter Ø1mm and 
distance of 0.9mm between the holes, displaced at angle of 45 
degrees; 

case 6 – two horizontal groups of three holes of diameter 
Ø0.8mm and distance of 0.2mm between the holes, parallel to 
the busbar axis; 

case 7 – two vertical groups of three holes of diameter 
Ø0.8mm and distance of 0.2mm between the holes; 

case 8 –four groups (two horizontal and two vertical) of 
three holes of diameter Ø0.8mm and distance of 0.2mm 
between the holes; 

case 9 – four groups of three holes Ø0.8mm and distance of 
0.2mm between the holes, laying on two mutually 
perpendicular axes, rotated at an angle of 45 degrees in 
relation to the busbar axes; 

case 10 – 2 horizontal groups of 3 holes of diameter 
Ø0.9mm and distance of 0.1mm between the holes ; 

case 11 – two vertical groups of three holes of diameter 
Ø0.9mm and distance of 0.1mm between the holes; 

case 12 - four groups (two horizontal and two vertical) of 
three holes of diameter Ø0.9mm and distance of 0.1mm 
between the holes; 

case 13 - four groups of three holes Ø0.9mm and distance 
of 0.1mm between the holes, laying on two mutually 
perpendicular axes, rotated at an angle of 45 degrees in 
relation to the busbar axes; 

Fig. 3 shows the hole shapes of the cases with two, four and 
eight groups of small holes. 

     

Fig. 3. Hole shape for design G with 2, 4 and 8 groups of small holes 

All the cases are supposed to: decrease radial loadings on 
bolts that emerge after the connection is assembled; increase 
the contact penetration in the busbars near the bolts area; 
maximize the true area of metal to metal contact in an 
electrical interface. 

Computer models for all the cases are realized, using 
software products ANSYS Workbench and ANSYS and they 
confirm significant rise of contact penetration and contact 
pressure in the interface between the buses [6], [7], [8] and 
[9]. 

III. APPLICATION OF NEURON NETWORKS FOR 
ANALYSIS 

Artificial neural networks (ANN) have gained recently 
popularity in many engineering applications for their 
capability to model non-logical data, classify, store and 
present numerous sensors readings and experimental 
knowledge in terms of logical symbolic structures. ANNs 
perform function approximation/mapping as well, being 
tolerant of data imprecision and noise, which can be 
successfully applied for interpolation and prediction [10-12].  

A two-layer neural network with non-linear differentiable 
and monotonic increasing activation functions in the hidden 
layer can be off-line trained to reproduce any deterministic 
non-linear input-output relationship using a vectors of 
representative input-target training couples and applying the 
backpropagation rule. The matrix block diagram of a network 
with Q batching input vectors p and with logistic sigmoid 
activation functions in both layers F1 and F2 is shown in 
Fig.4. The output Ai (i=1, 2) of each l log-sigmoid function Fi 
in the i-th layer is given by: 

 l
k

кkl
1Ni bi.pWiNi   ,)e1(Ai +=+= ∑−− ,   (1) 

where Ni is the function input and the weight Wikl and the 
bias bi are the adjustable ANN parameters. The log-sigmoid 
function allows to map the input from the interval (-∞, +∞) 
into the interval (0.1). The number of the inputs R 
corresponds to the number of the geometrical parameters of 
the design problem (slots and holes), Q is the number of 
measurements available.  
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Fig.5. Backpropagation ANN model of design SH 

 
While the number of the output layer neurons S2 depends 

on the number of problem outputs (here S2=2 - the maximal 
contact penetration M and the contact area CA), the number of 
the neurons in the hidden layer S1 can be freely selected in 
order the optimization problem to have a satisfactory with 
respect to time and accuracy solution. 

The weight matrices W1 and W2 and the bias vectors b1 
and b2 are being continually adjusted in the direction of the 
steepest descent with respect to minimization of the mean 
squared error (MSE) of the network. Derivatives of error 
called delta vectors δ are calculated for the network’s output 
layer and then backpropagated through the network until delta 
vectors are available for each hidden layer. 

The error E is the difference between the target T vector of 
measured/desired values and the ANN output A vectors (E=T-
A) that corresponds to a given input vector from the batch of 
input vectors. The steepest descent method is used with 
adaptive learning rate in order to increase convergence of the 
gradient procedure in the surroundings of the minimum, to 
decrease the number of iterations, and to avoid local minima 
and instability at large rates. Initialization of the network is 
provided by a random number generator that produces values 
within the range (-1, 1). The new weights Wi,j connecting 
neurons from layer i to layer j and the biases bi at the k+1 
iteration are calculated according to the backpropagation rule: 

jiijijijij p.)(W)(W)(W)1(W δα+=Δ+=+ kkkk (2) 

    iiiii .)(b)(b)(b)1(b δα+=Δ+=+ kkkk ,   (3) 
where δi is the delta vector for the current i layer, pi is the 

corresponding input vector, α is the learning rate.  
The calculations move from the output to the input layer of 

the network. When a desired accuracy is reached in the target 
points, the network is tested with more input vectors than the 
ones used in training to see if it has learned to generalize the 
function it is learning. If the approximated function is smooth 
and monotonic in-between the target points, the training is 
considered to have ended successfully. Else, it should be 
started from different initial conditions, or else the number of 
the neurons in the hidden layer or the number of hidden layers 
should be increased. Often more inputs and corresponding 

targets are added to the training vectors. Specialized software 
assists the design and training of the ANN. 

The ANN used for modelling in the different design tasks 
is a two-layer log-sigmoid backpropagation ANN with five 
hidden neurons (S1=5) and two output neurons (S2=2).The 
required accuracy in training is 1-10 and the training algorithm 
with adaptive learning rate is the Levenberg-Marquardt 
optimisation (a modification for speeding up the steepest 
descent method); default criterion (stop condition) is MSE. 

The ANN model of design SH is depicted in Fig.5. Here 
R=2 (radius r and slot’s width w), Q=11. The final results 
after training are shown in Fig.6 for M and for CA 
correspondingly. 
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Fig.6. Accuracy of ANN model of design SH 
 

The maximum of both M and CA with respect to S as 
function of r is depicted in Fig.7. 
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Fig.7. Influence of r on maximum of M and CA with respect to S 

 

The ANN model of the design S is obtained for R=3 
(number of slots N, angle of rotation α and slot’s width w), 
Q=8. It allows studying the relationship of maximal M and 
maximal CA with respect to N as functions of w and α– Fig.8. 

0.1 0.2 0.3 0.4 0.5 0.6 0.7 0.8 0.9 1
0.2

0.4

0.6

0.8

1

1.2

1.4

1.6 10*max M 
       N 

max CA 
  N 

w

α→ 

α→ 

 

 

0 10 20 30 40 50 60 70 80 90
0.2 

0.4 

0.6 

0.8 

1 

1.2 

1.4 

1.6 
10*max M 
       N 

max CA 
  N 

w→ 

w→ 

α  
Fig.8. Relationship between maximum of M and CA with respect to 

N and geometrical parameters w and α 
 

The ANN model of the design G is obtained for R=5 
(number of hole groups n=0÷8, number of holes in a group 
N=0÷3, diameter of holes d=0.1÷1mm, distance between 
holes a=0.1÷1mm and angle of rotation α=0÷900), Q=13. The 
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relationship of M and CA as function of the combination 
number, that determines a specific set of parameters [n, N, d, 
a, α], is shown in Fig.9, from which the maximal values for M 
and CA are determined respectively - Mmax=0.9469 for n=3, 
N= 2, d= 0.8mm, a= 0.9mm, α=900 and CAmax= 0.9931 for 
n=3, N= 3, d= 0.4mm, a= 0.9mm, α=750.  

0 2000 4000 6000 8000 0 

0.2 

0.4 

0.6 

0.8 M

Combination number  

 

0 2000 4000 6000 8000
00

0

0.2

0.4

0.6

0.8 CA 

Combination number  
Fig.9. Relationship between M and CA and combination number 

(determined set of input parameters) 

The parameters of the three ANN models for the three 
different design tasks - weight matrices W1 and W2 and 
biases b1 and b2 for each of the two neuron layers are given in 
Table II. 

IV. DISCUSSION AND CONCLUSIONS 

1. Based on the results from the application of neuron 
network analysis in bolted busbar connections of new design 
for design SH (slots, ending with small holes) the case with 
radius of ending holes r=0.4 mm have to be modelled. 

2. The recommended cases for design S (sloted bolt 
holes) are already investigated. 

3. The ANN model for design G (groups of small holes) 
establishes 2 cases for max. values of M and CA – (n=3, N=2, 
d=0.8mm, a=0.9mm, α=90 degrees) and (n=3, N=3, 
d=0.4mm, a=0.9mm, α=75degrees) for additional 
investigation. 

 
 
TABLE II 

Type of design model W1 b1 W2 b2 

SH 

⎥
⎥
⎥
⎥
⎥
⎥

⎦

⎤

⎢
⎢
⎢
⎢
⎢
⎢

⎣

⎡

2.04        8.46-
8.50      13.80-
41.16-   10.80-
2.89-    12.68-

13.51-     7.16-
 

⎥
⎥
⎥
⎥
⎥
⎥

⎦

⎤

⎢
⎢
⎢
⎢
⎢
⎢

⎣

⎡

1.17  
0.09  

18.14
7.90  

12.91  ⎥⎦
⎤

⎢⎣
⎡

7.04-  0.89   1.77-   4.77  1.98-
0.42-  0.53-  1.44-  0.37  0.04   

 
⎥⎦
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⎢⎣
⎡
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⎥
⎥
⎥
⎥
⎥
⎥

⎦

⎤

⎢
⎢
⎢
⎢
⎢
⎢

⎣

⎡

0.44    47.80-   2.54  
0.38-  6.18-     0.94-
0.14-  47.86     5.84-
0.37-  5.32-     3.98  
0.005    0.82-     5.86   

⎥
⎥
⎥
⎥
⎥
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⎢
⎢
⎢
⎢
⎢
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⎣
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⎥
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⎤
⎢
⎣
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⎥
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⎣
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⎥
⎥
⎥
⎥
⎥
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⎦

⎤

⎢
⎢
⎢
⎢
⎢
⎢

⎣

⎡

0.11    1.28-  6.63-  0.78    0.43  
0.002    0.45-  2.11    0.47    0.40-
0.06-  0.88    2.93    2.32      2.4  
0.02-  7.74    8.48-  3.01-    3.9  
0.09    8.92    4.37-  1.36-  0.31   

⎥
⎥
⎥
⎥
⎥
⎥

⎦
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⎢
⎢
⎢
⎢
⎢
⎢

⎣

⎡
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7.23   

⎥
⎦

⎤
⎢
⎣

⎡
1.95    2.26     3.48   5.39  4.24-
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⎥
⎦

⎤
⎢
⎣

⎡
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Implementation of TASE.2, MMS and APLI Protocols 
Novak Savić1, Miroslav Popović2, Branislav Atlagić3, Miodrag Temerinac4 

 
Abstract – This paper describes the implementation of 

Association Control Service Element/Presentation Layer, 
Manufacturing Message Specification, and Telecontrol 
Application Service Element 2 protocols as well as the protocols 
themselves. Besides implementation of those protocols, the paper 
presents an approach used for testing and verification. 
Telecontrol Application Service Element 2 protocol is unitized in 
9 (nine) conformance building blocks. This implementation 
includes building blocks: 1, 2, 5, 7 and 9, corresponding MMS 
conformance building blocks and appropriate APLI services. 

Keywords - Telecontrol Application Service Element 2, 
Manufacturing Message Specification, Association Control 
Service Element/Presentation Layer.  

I. INTRODUCTION 

APLI (Association Control Service Element/Presentation 
Layer Interface) is used for establishing and maintaining 
logical connection (association) between communication 
points. MMS (Manufacturing Message Specification) 
specifies a way to emulate, or model, the capabilities and 
functionality of a programmable device, and the means to 
manipulate this model. TASE.2 (Telecontrol Application 
Service Element 2) is the application layer standard that 
represents extension to MMS protocol. The purpose of 
TASE.2 protocol is to regulate communication between Inter 
Control Centers. 

TASE.2 and MMS are able to operate over either an ISO-
compliant transport layer or a TCP/IP transport service, as 
long as ISO layers 5-7 are maintained. MMS uses ACSE 
(Association Control Service Element [7], [8]) to establish 
logical connection (association). ASN.1 [10], [11] is used for 
describing the abstract structure of a protocol as well as object 
modeling facilities. There is standard C Unix specification for 
ACSE/Presentation Layer Interface (APLI), which goes on 
top of the ISO stack. We have taken advantage of another 
approach by developing APLI over Windows and Berkeley 
sockets.  

Figure 1 shows TASE.2 and MMS protocol over: a) the 
ISO stack, b) APLI and Windows (Berkeley) sockets. 
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                     a)                       b) 
Fig. 1. TASE.2 and MMS protocols over: a) ISO stack, b) Windows 

(Berkley) socket 

A section II, III and IV contains an overview of TASE.2, 
MMS, and APLI protocol, respectively. Implementation of 
those protocols is represented in section V, VI and VII. 
Testing can be found in section VIII. Finally, section IX 
describes further plans. 

II. APLI 

The purpose of APLI is establishment and maintaining 
logical connection (association) between applications and data 
exchange among those applications. An association is 
identified by Application References of those applications. 
Application Reference constitutes of AP-Title and AE-
qualifier. APLI offers following services: M-ASSOCIATE 
(establishing association), M-RELEASE (peaceful association 
disrupting), M-DATA (data transfer), M-U-ABORT (user 
forced association disrupting) and M-P-ABORT. All APLI 
services except M-DATA are confirmed services. Prior to any 
data exchange between applications, application association 
must be established.  

III. MMS 

The Manufacturing Message Specification (MMS) 
addresses the integration of shop floor devices and the 
computer systems that control them. MMS defines a structure 
for the messages required to control and monitor these 
devices. MMS is composed of following components: Virtual 
Manufacturing Device, Environment and General 
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Management, Conditioned Service Response, Domain 
Management, Program Invocation Management, Unit Control, 
Variable Access, Data Exchange Management, Operator 
Communication, Event Management, Event Condition, Event 
Action, Event Enrollment, Event Condition List and Journal 
Management. Only those protocol objects and services which 
have been implemented will be described. 

The MMS services define the externally visible behavior of 
an MMS server application process. This behavior is modeled 
by describing of an entity called Virtual Manufacturing 
Device (VMD). Environment and General Management are 
concerned with the application association, which refers to 
establishing and managing connection between two 
applications.  A Domain represents a subset of the capabilities 
of the VMD used for a specific purpose. The Unit Control 
object represents a collection of MMS objects, Domains and 
Program Invocations that may be loaded and managed as a 
unit. The Event Condition object models that portion of the 
state information that is concerned with event detection and 
prioritization. An Event Action object is an MMS confirmed 
service that shall be executed whenever a specified transition 
of an Event Condition object's state field is detected. An Event 
Enrollment represents a request from an MMS user to be 
notified about the occurrence of one or more specified 
transitions of an Event Condition object, or to delay execution 
of a confirmed MMS-service until the occurrence of one or 
more specified transitions of an Event Condition object. The 
Event Condition List object shall be used to reference groups 
of Event Condition objects that are required to be operated on 
as groups.  

IV. TASE.2 

TASE.2 is based on the client/server concept. All data 
transfers originate with a request from one control center (the 
client) to another control center, which owns and manages the 
data (the server). Multiple associations may be established 
from a client to multiple control center servers. Multiple 
associations may also be established to the same control 
center for the purpose of providing associations with different 
Quality of Service (QoS). To provide access control, the 
server checks each client request to ensure that the particular 
client has access rights to the data or capability requested. 
Access control is provided through the use of Bilateral Tables 
(BLTs) defined for each client/server association. BLTs 
provide execute, read/write, read only, or no access for each 
item that can be requested by a client. 

TASE.2 services are provided via TASE.2 server objects. 
There are two basic types of services in TASE.2, called 
operations and actions. An operation is client-initiated via a 
request to a server, typically followed by a response from the 
server. An action is a server-initiated function. Other data and 
control elements typically exchanged between control centers 
are defined as “data objects”. TASE.2 Server includes the 
following types of objects: Association, DataValue, Data Set, 
Transfer Set, Account, Device, Program and Event. 
Association objects are used to establish an association, or 
logical connection, between two TASE.2 instances. Data 
Value objects represent values of control center data elements. 

Data Set objects are ordered lists of Data Value objects 
maintained by a TASE.2 server. This object enables a client to 
remotely define Data Sets via TASE.2. The establishment of 
the reporting criteria and the actual transfer of data vales are 
accomplished using the Transfer Set object. Transfer Set 
objects reside at a TASE.2 server and it is used by a TASE.2 
client to establish the actual transfer of data values. Account is 
a generic term applied to a whole class of data objects used to 
represent information on schedules, accounts, device outages, 
curves, and other entities used by control centers. Device 
objects represent actual physical devices in the field for the 
purpose of providing services for a client to control them 
remotely. A Program object provides a client with remote 
operation of a program at a server site. An Event object 
represents a system event at a server site, such as a device 
changing state or the occurrence of a certain data error.  

Representations of all 9 (nine) TASE.2 Conformance 
Building Blocks (CBBs) are shown below.  

Block 1 (Basic Services) consists of following objects with 
appropriate services: Association, Data Value, Data Set 
Objects, Transfer Set, and Next Transfer Set.  Block 2 is used 
to provide the capability to transfer power system data in 
more ways than periodic reports. Block 3 provides the 
possibility for a TASE.2 server to send power system data to a 
client with fewer bytes than required. Block 4 provides a 
general message transfer mechanism that also includes the 
ability to transfer simple text or binary files. Block 5 provides 
a mechanism for transferring a ‘request to operate a device 
from one TASE.2 implementation to another. It is composed 
of Device objects. Block 6 provides a mechanism for a 
TASE.2 client to perform program control at a server TASE.2 
implementation site. It is composed of Program objects. Block 
7 adds the Event Enrollment and Event Condition objects. It is 
composed of Device objects, Event Conditions objects and as 
well as Event Enrollment objects Block 8 offers the ability to 
transfer scheduling and accounting information between 
TASE.2 implementations is a key feature of TASE.2. TASE.2 
generalizes this transfer capability to allow any data that is 
collected on a period basis. The transfer capability is 
accomplished via the Transfer Account data object. Block 9 
provides a TASE.2 client with the ability to receive time 
series data and it is composed of TSConditions objects. 

A control center is modeled with one or more Virtual 
Control Centers (VCC). A VCC is mapped onto an MMS 
Virtual Manufacturing Device (VMD). It therefore has the 
same definition and behavior as an MMS VMD. By mapping 
a TASE.2 VCC to an MMS VMD, the TASE.2 VCC performs 
the same function for a control center that a MMS VMD does 
for a real device.  

V. IMPLEMENTATION OF APLI PROTOCOL  

APLI was designed over Windows (Berkeley) sockets 
whose services were realized through the following methods 
of class APLI_Provider: ap_snd() and ap_rcv(). Class 
APLI_Provider contains some additional methods: ap_open(), 
ap_close(), ap_init_env() and ap_set_env(), which are used for 
opening, closing, initialization and setting APLI environment, 
respectively. The APLI completely hides Windows (Berkeley) 
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Sockets in manner that associations and data exchange are 
done through the Application References.  

There are a lot of service primitives that are used in the 
ap_snd() invocation, as first parameter, so desired service can 
be performed. An example of the requesting service A-
ASSOCIATE is shown in figure 2. 

 
Fig. 2. Example of Association Request APLI service 

Parameter pduBuffer contains protocol data unit from upper 
protocol layer that need to be transferred via APLI protocol. 
All other services are realized in similar fashion. 

VI. IMPLEMENTATION OF MMS PROTOCOL  

The most important is class VMD which represents model 
of Virtual Manufacturing Device. Figure 3 shows VMDs state 
diagram with transitions for MMS environment. 

 
Fig.3. VMDs state diagram with transitions for MMS environment 

MMS Environment state consists of three sub states. For 
the case of MMS client (initiator), the state diagram with 
transitions is shown in Figure 4. 

 
Fig. 4. MMS clients transition diagram. 

MMS requests (responses) need to be packed into MMS 
protocol data unit, whereupon those MMS PDUs are carried 
out by APLI services. For the purpose of packing and parsing 
MMS protocol data units the MmsPduPacker and the 
MmsPduParser have been developed. Mapping of all fourteen 
MMS PDU types are shown in Figure 5. 

 
Fig. 5. Mapping of MMS protocol data units (PDUs) onto APLI 

services. 

Data access on server side are done trough V_Put() and 
V_Get() methods. These methods are completely configurable 
so they can be used in integration with various applications 
and/or overlying protocols.  

Alongside of other implementations that uses standard 
ACSE, Presentation, Session, COTP, and TPKT protocols 
over TCP protocol, this implementation have some 
improvement in regard to the size of packets that are 
transferred. The thing is that every packet is smaller for about 
120 Bytes. In case of MMS request PDUs significant 
improvement in about 200% has been reached because the 
most of these PDUs are smaller than 50 bytes. Size of the 
MMS response PDUs can be very variable so as 
improvement, but it is still present. 

This can be very important in multi client-server 
environments. On the other hand this implementation is not 
compatible with other vendor’s implementations.    

VII. IMPLEMENTATION OF TASE.2 PROTOCOL 

This implementation of TASE.2 protocol uses services of 
previously developed MMS protocol and includes the 
following classes and the corresponding services: 
VirtualControlCenter, Association, BilateralTable, DataValue, 
DataSet, InformationMessage, DSTransferSet, TSTransferSet, 
IMTrasferSet, Device, Program, EventEnrollment, 
EventCondition, and some additional classes. The class 
VirtualControlCenter comprises all other classes and maps 
onto VirtualManufacturingDevice. 
     VirtualControlCenter have the same Environment states as 
VirtualManufacturingDevice. Association class represents 
application association which is used to uniquely identify the 
association between TASE.2 client and TASE.2 server. This 
implementation makes use of access control mechanism, so 
bilateral tables are implemented accordingly. Bilateral tables 
are closely related to association. Figure 6 depicts class 
VirtualControlCenter. 
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Testing and verification for TASE.2, MMS and APLI 
protocols has been performed trough C++ unit testing 
framework (CppUnit). TASE.2 protocol has been also tested 
in integration with Telvent (Spanish Company) OASYS 
SCADA  

 

All dynamic data in Telvent OASYS SCADA are kept in 
the real time CMX database. The dynamic data are those data 
whose values are frequently changed. Access to CMX 
database is done trough ADO was tested under laboratory 
conditions between multiple TASE.2 applications which both 
play TASE.2 client and server roles. In both cases testing was 
considered successful.  

IX. CONCLUSION Fig. 6. Class VirtualControlCenter 
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Every Bilateral Table is connected with one and only one 
client control center. On the other hand one bilateral table can 
be used for more than one application association with 
particular client control center which can be configured via 
Application References. CCCD (client control center 
designation) identifies the TASE.2 client control center for 
which the Bilateral Table is defined with the TASE.2 server. 

Hereafter are descibed the purpose of the other Bilateral 
Table members. The domainName member is the name of the 
TASE.2 Domain. Other members come in pair and are used 
for defining clients permitions. For example, dataValues 
comes with dataValuesACS. The dataValues field indicates 
those Data Value objects that are defined for the remote 
control center identified by the CCCD field. The 
dataValuesACS (class AsscessControlSpecification) 
represents the access permissions for dataValues for the 
remote control center identified by the CCCD field. While 
establishing association TASE.2 server checks existence of 
appropriate association identifier. If an identifier is not found, 
the association is refused, otherwise server proceeds with 
other authentication. Next follows checking of bilateral table 
existence for this client. If bilateral table is not found, the 
association is refused, otherwise server proceeds with other 
checks. Other checks include examination of bilateral table 
version and TASE.2 protocol version. If both checks pass, the 
association is successfully established.  

This paper presents overview of TASE.2, MMS, and APLI 
protocols and one possible implementation. Testing and 
verification has been presented too. The main purpose of 
developing these protocols is research in this area. This 
implementation can be used in real systems which has been 
approved trough integration with Telvent OASYS SCADA. 
Further plans are to go on with developing TASE.2 and MMS 
protocols, and develop conformance building blocks 3, 4, 6, 
and 8. Also, further plans include various protocols 
optimizations. 

REFERENCES 

[1]  ISO 9506 part 1 – Industrial Automation System - MMS service 
definitions, Geneva Switzerland 2003. 

[2] ISO 9506 part 2  – Industrial Automation System - MMS 
protocol specification, Geneva Switzerland 2003. 

[3]  IEC 60870-6-503 – TASE.2 Services and Protocol, Geneva 
Switzerland 2002. 

[4] IEC 60870-6-702 – TASE.2 Functional profile for providing the 
TASE.2 application service in end systems, Geneva Switzerland 
1998. 

[5] IEC 60870-6-802 – TASE.2 Object models, Geneva Switzerland 
2005. 

[6] IEC 60870-6-505 – TASE.2 User Guide, Geneva Switzerland 
2006. 

[7] ISO/IEC 8649 – OSI– Service Definition for Association 
Control Service Element, ITU 1996. Each service required by TASE.2 client is first checked 

trough the bilateral table, which is engaged with TASE.2 
client. In this way TASE.2 client may perform only the 
services which previously have been granted to it.  

[8] ISO/IEC 8650 – OSI – Connection Oriented Protocol for 
Association Control Service Element: Protocol Specification, 
ITU 1996. 

For the purpose of pre configuration class 
ConfiguraitonLoader has been developed. After establishing 
association with TASE.2 server, the Configuration Loader 
simply interprets requests previously loaded from 
configuration file.  

[9] ISO/IEC 8327-1 – OSI – Connection Oriented Session Protocol: 
Protocol Specification, ITU 1996. 

[10] ISO/IEC 8422-1 – Information technology – Abstract Syntax 
Notation One (ASN.1): Specification of basic notation, ITU 
1998. 

[11] ISO/IEC 8422-2 – Information technology – Abstract Syntax 
Notation One (ASN.1): Information Object Specification, ITU 
1998. 

VIII. TESTING 

 



 

Self-excitation of an Induction Generator – Mathematical 
Model and Experimental Verification 

Milan M. Radic1, Zoran P.Stajic2 

Abstract – In this paper phenomenon of self-excitation in  a 
three phase induction generator under no-load conditions has 
been analyzed. Equations describing induction machine and 
excitation capacitors are represented in rotor reference frame. 
Residual magnetic flux and exact representation of magnetizing 
inductance variation versus magnetizing current are important 
parts of the model. Comparison of computer simulations  with 
experimental results has shown that accuracy of model is good, 
even with cross-saturation and core losses neglected.  

 
Keywords – Induction generator, Self-excitation, Residual flux. 

I.  INTRODUCTION 

The fact that an externally driven induction machine with 
capacitor bank properly connected across its stator terminals 
can sustain self-excitation is well known [1]. In recent years, 
when demands for „clean“ electric energy are in constant 
growth, interest in self-excited induction generators has been 
highly increased. They have been used as the most suitable 
isolated power sources in small hydroelectric and wind energy 
applications [2]. Simple construction with squirrel-cage rotor, 
absence of DC supply for excitation and low maintenance 
costs are the main advantages of induction generators over the 
synchronous generators, especially for small rated powers [5]. 
The main problem that occurs in exploitation of self-excited 
isolated induction generator is stabilization of stator voltage 
and frequency, because their values vary with change of load 
[4]. 

In order to perform detailed analysis of self-excited 
induction generator behavior, the first step should be to study 
the process of self-excitation under no-load conditions. This 
phenomenon is basically caused by existence of residual flux 
in magnetic core of the induction machine. If rotor of the 
machine is driven by some prime mover, certain voltage can 
be measured at the stator terminals, even without any 
capacitor bank connected. In this case voltage would be very 
low, about 1-2 % of rated voltage, but if capacitor bank is 
connected and capacity is large enough, stator voltage will 
rapidly increase due to fact that capacitive current causes 
additional magnetization of the machine core. In steady state 
stator voltage could even exceed the rated value. 

 

II.  MATHEMATICAL MODEL 

Mathematical model of self-excitation process in three 
phase induction machine is based upon the well-known theory 
of arbitrary reference frame [6], where real machine windings 
are substituted with fictive windings placed along two 
orthogonal axes, q and d, rotating at arbitrary speed . In this 
case, it is most convenient to attach reference frame to rotor, 
choosing that 

ω

rω ω= , because it makes it easier to include 
residual magnetic flux into the model. 

Equivalent circuits for q and d axis in rotor reference frame, 
including terminal capacitor for self-excitation are shown in 
Figs. 1a and 1b. 

 
Fig. 1a. Equivalent circuit for q axis 

 

 
Fig. 1b. Equivalent circuit for d axis 

 
Voltage equations describing induction machine in matrix 

form are: 
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(1)

where mlss LLL +=  and . mlrr LLL +=
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sR , R  - stator and rotor resistances r

lsL ,  - stator and rotor leakage inductances lrL

mL  - magnetizing inductance 

rω  - rotor angular velocity 

dt
dp =  - operator of differentiation 

It should be noted that magnetizing inductance changes 
during the self-excitation process due to fact that machine 
core becomes more saturated as magnetizing current and 
terminal voltage rise. In order to get more accurate results 
during transients and in steady state, magnetizing inductance 
have to be represented as a function of magnetizing current, 

)f(IL mm =  

where magnetizing current can be obtained as: 

2

)()( 22
drdsqrqs

m

iiii
I

+++
=  

Constants  and  are involved in voltage equations in 
order to include residual magnetic flux along q and d axis, 
which is necessary to start voltage build-up process. 

qK dK

In rotor reference frame, capacitor can be described with 
next equations: 
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After some mathematical transformations, previous 
equations can be written in a form convenient for simulation 
on a computer, using any of programs or program languages 
that allow numerical solving of differential equations. For this 
occasion, mathematical model was implemented on a 
computer using Matlab/Simulink.  

In this model core losses and impact of higher harmonics 
are neglected. Cross-saturation is also neglected which means 
that there is no magnetic coupling between q and d axis. As an 
self-excited induction generator generally operates in highly 
saturated area, neglecting of cross-saturation may have 
influence to the accuracy of model, especially in transient 
regimes [3]. In future work model can be improved by 
including of phenomena that are neglected at this level. 

III.  IDENTIFICATION OF PARAMETERS 

In order to perform comparison of simulation results with 
experimental results, it was necessary to identify parameters 
of the real 1.5 kW three phase squirrel-cage rotor induction 
machine used in experiment. 

Resistances  and , and leakage inductances  and 
 are considered as constants, and can be easily obtained 

from standard short-circuit test and DC current test. 

sR rR lsL

lrL

As it has been mentioned in previous section, magnetizing 
inductance must not be considered as constant, because that 
would lead to very poor simulation results. In order to identify 

function describing variation of magnetizing inductance   
versus magnetizing current , several ideal no-load tests 
with different voltages applied to stator, and under 
synchronous speed conditions, have been performed. 
Knowing previously determined parameters and , each 
value of ideal no-load current can be connected to the exact 
value of magnetizing inductance. Experimentally determined 
points are shown in Fig. 2, together with functional 
approximation which has been used in model. As it can be 
seen in Fig. 2, for 

mL

mI

A7.

sR lsL

0Im < , magnetizing inductance is 
considered to be constant (linear section of magnetization  
characteristic). In reality, this assumption is not completely 
true because in the area of very low magnetizing currents 
(close to zero) magnetization characteristic is not linear [7], 
but that will not affect the accuracy of simulation too much. 
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Fig. 2. Variation of magnetizing inductance versus current 

Finally, parameters  and , which describe residual 
magnetic flux, can be obtained through comparing of voltage 
waveform recorded at stator terminals (with no capacitors 
connected and with rotor driven by a prime mover at constant 
speed) and waveform which is result of simulation under the 
same conditions. It is not necessary to determine both of  

and , because one of them can be set to zero, assuming 
that residual flux exists only along one of axes (in this case it 
has been assumed that 

qK dK

qK

dK

0=dK ). 
After stator of induction machine had been connected to 

rated voltage and suddenly disconnected, rotor has been 
driven at rpm3000=0n

qK

 by DC machine as prime mover. 
Recorded phase voltage is shown in Fig. 3 (solid line). The 
same figure also shows simulation results for three different 
values of parameter , and it is obvious that if  is 
properly chosen, simulated waveform is very similar to the 
recorded one. 

qK

Values of all parameters that are necessary for simulation of 
self-excitation are given in Table I. 
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Fig. 3. Identification of parameter Kq 

 
TABLE I 

MACHINE PARAMETERS 
 

sR  3.7  Ω

rR  3.1  Ω

lsL  0.0115 H 

lrL  0.0115 H 

qK  0.013 
 

IV.  EXPERIMENTAL VERIFICATION 

Testing of mathematical model was done through several 
experiments performed with different capacitor banks and at 
different rotor speeds. Rotor of induction machine was driven 
by an unregulated DC motor and waveforms of induction 
machine stator voltage and current were recorded. During 
process of self-excitation rotor speed doesn’t remain constant, 
as shown in Fig. 4, because load torque at the shaft of DC 
motor increases due to increasing of induction machine 
copper and core losses.  
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Fig. 4. Variation of rotor speed during self-excitation 

Equations describing mechanics of the process, and also 
equations describing DC motor have not been included into 
model, so rotor speed had to be recorded and later has been 
treated as known variable during the simulation. If decreasing 
of rotor speed is not taken into account,  simulated waveforms 
would differ from experimentally obtained data, and small 
peaks of voltage and current that can be noticed at s2≈t  in 
Figs. 5 to 8, would not appear in simulation result. 

In single experiment whose results are presented in this 
paper, rotor speed in unexcited state was set to 

rpm3000=0n , and at the moment  symmetrical 
three phase capacitor bank with capacity 

s06.1=t
C F35 μ=  was 

connected to the stator terminals. Fig. 5 shows experimentally 
recorded voltage and Fig. 6. shows waveform obtained from 
simulation. Both waveforms indicate that self-excitation 
transient process lasts for about 2 seconds in this case, and 
after that time voltage reaches its constant steady state value 
(in term of rms). It is obvious that in steady state simulated 
voltage equals recorded voltage extremely good. Also, 
envelopes of simulated and recorded voltage waveforms are 
very similar during voltage build-up process, although cross-
saturation and core loses have been neglected in model. 
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Fig. 5. Experimental stator voltage 
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Fig. 6. Stator voltage - simulation result 
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Comparing waveforms in Figs. 7 and 8, it can be noticed 
that envelope of the recorded stator current has similar shape 
as envelope of current predicted by model, but matching is not 
so good as in case of voltage waveforms. In the first part of 
self-excitation process, for , difference is not too big, 
but later, recorded current has some greater value then it is  
expected from simulation result. This could be explained by 
the fact that model neglects presence of higher harmonics, 
which is only idealization of real situation. In order to prove 
previous statement, detail of recorded stator current waveform 
after reaching steady-state is shown in Fig. 9. The same figure 
also shows result of  filtering of higher harmonics in the 
recorded signal, and it is obvious that if only main harmonic 
of stator current is taken into consideration, matching between 
experimental and simulation results becomes much better. 
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V.   CONCLUSION Fig. 7. Experimental stator current 
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Proposed mathematical model gives highly accurate 
simulation results, and can be used in studies of an induction 
generator self-excitation under arbitrary circumstances. It has 
been shown that good representation of magnetizing 
inductance versus magnetizing current is of great importance, 
and also that it is necessary to include residual magnetic flux 
into the model. In future research, equations describing 
electrical load at stators terminals can be added to the model 
in order to study transients that may occur in real exploitation. 
Existing model can be improved by including equations which 
describe mechanical part of the system and also a prime 
mover used for driving of induction generator (wind turbine or 
hydro turbine) 
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Application of Digital Circuits’ Simulation in Academic 
Exercise Classes-Methodology Issues and Results. 

Ginka Marinova1, Nikolay Kostov2, Slava Yordanova3 

Abstract: The authors present results of their own 
experience in introducing circuit simulation in training 
students on Digital Electronics. All facts and conclusions are 
based on the academic practice at the Department of 
Computer Sciences and Technologies at the Technical 
University of Varna. Analysis and recommendations from 
practice are presented in the specific context of the 
contemporary social environment and perception of the 
students in respect of their engineering studies. Brief 
comparative figures from in-university survey illustrate basic 
arguments of the authors in favor of the methodology. 

Keywords: education, circuits’ simulation, 
methodology. 

I. INTRODUCTION 

Academic training in more fundamentally oriented 
disciplines like Digital Electronics is to an extent 
conservative. This is due first to the nature of the subject and 
secondly to certain methodology reasons. An essential part of 
the academic community (including authors) still considers 
that the ideal exercising on Digital Electronics should be 
hands-on. In fact, just 10 years ago, this was the only 
methodological approach and the results were pretty 
satisfactory – most of the students obtained a very good 
knowledge and experience in understanding and working with 
basic digital electronics and digital devices. This in turn 
produced quite highly qualified electronic engineers, which 
was and perhaps is still appreciated by the companies and the 
universities. The methodology for this type of  academic 
exercises was almost perfect in respect of the final results 
sought – the students worked with real stuff, the performance 
of the examined circuitry was visible, an excellent feeling of 
the circuit’s operation was cultivated with the young people. 
There is a single disadvantage to this approach however in the 
context of the contemporary expectations for the higher 
education – it is resourceful, in terms of both funds and time. 
Unfortunately, modern technical universities may not afford 
neglecting such factor. This is because the presently accepted 
three level educational structure limits the available time for 
training the students (for the BSc level the Bulgarian 
regulations cut the maximum number of academic hours to 
less than 3000) and also due to the fact of changed structures 
of the study plans for electronics and computer oriented 
courses. The interests and perception of the students changed 
too – they are keener on working with virtual environment. 
Perhaps there is some fashionable point in this new attitude.  

3Slava Yordanova is with the Faculty of Computer science and 
Technology, Studentska 1 9010 Varna, Bulgaria 
E-mail: slava_y@abv.bg 

Whatever the reasons for the changes in the academic 
reality are however, the need for changing the approach and 
the methodology in teaching this particular subject is obvious.  

II. DIDACTIC AND SOCIAL BASIS OF 
CONTEMPORARY HIGHER EDUCATION 

Education is a bilateral process. From a social point of view 
it might be looked at as a special kind of deal between the 
students as customers and the university as provider of the 
educational services. It is well known from general practice 
that there is no successful deal where both sides are not 
satisfied. Students have certain pre-biased expectations for the 
way they will receive the professional knowledge they have 
come for at the university. The academic staff of the 
university has certain expectations for the level of perception 
the students show in respect of the knowledge transferred to 
them. If both sides do not receive some minimum satisfaction 
from what they expect from each other, they will be at least 
unhappy and at most totally disappointed and consequently 
might break the deal. If such scenario occurs both sides will 
lose – time and money. To avoid it the changes in the 
exercises’ technology discussed here were introduced.  

III. STATE OF THE ART 

The main arguments for the lecturing staff to break the 
status-quo were: 

- intensify the exercise work for the Digital 
Electronics discipline in general; 

- increase possibilities for the students to work 
independently; 

- make control procedures more efficient in terms of 
time and comprehensiveness; 

- Change the attitude of the students to positive (as 
much as it can be) for a work they generally 
dislike.  

Before we proceed with discussion on the specific details 
and outputs from the working experience at the Department of 
Computer Sciences and Technologies of the Technical 
University of Varna perhaps it would have been useful for 
more in-depth understanding of the issues discussed to reveal 
in general terms the academic picture within this specific 
subject. Why specific?  

First, because the attitude of the average student, changed 
significantly towards material sciences during the last decade. 
The idea of the classical electronic engineer dealing with 
sensible and real stuff has moved aside to be exchanged for 
the image of the new computer man, controlling a powerful 
tool like the modern PC, which existence and abilities are 
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given for granted and always in obedient service to this same 
specialist. A survey made amongst the second year students 
studying for computer specialists at the Technical University 
of Varna showed that less than 5% see their future as directly 
related to work with hardware, just about 7% study the Digital 
Electronics discipline with pleasure (unlike other software 
disciplines), about 90% describe discipline as difficult, about 
50% consider it useless within their expectations for the 
knowledge content of the course they study. To be fair we 
should note that this survey was made when still classical 
approach was used in carrying out exercise classes. That is the 
students assembled during the 3-hour exercise certain circuit, 
examined its behavior and discussed with the teacher all 
problems during the work and other questions they might have 
from the lectures. The average success rate from this type of 
organization of the academic work did not exceed 20-30% 
within the normal study hours. What was interesting as well 
was that no matter how intelligent the students were (judged 
against their results in other disciplines) they almost always 
ran against time deficit in completing prescribed exercise 
program. Secondly, new technologies in studying and 
development of electronic circuits made it possible to move 
away from the classic exercises on one side and get closer to 
the actual picture of the students’ interests on the other. In 
fact, a chance appeared to exploit the natural positive attitude 
of the contemporary generation to the electronic games and 
the technologies that support them. This opportunity became 
even more reasonable in the light of the continuous and 
drastic fall in prices of the latest simulation products. The 
market situation changed so significantly, that some 
companies announced free use for earlier versions of their 
simulation products.  

IV. ORGANIZATIONAL AND TECHNOLOGICAL 
ISSUES OF IMPLEMENTATION 

Based on the accumulated experience and considering the 
newly emerging opportunities in terms of technological 
support, it was decided to change the above-described pattern 
of work. That was to move away from predominantly didactic 
approach to a more flexible one in terms of communications 
with the students and perhaps as well more focused on the 
independent work of the students. For the purpose, a simple to 
learn and work with version of the simulation program 
Electronic Workbench was chosen. No significant changes in 
the topics of the planned exercises were made and these were 
kept as close as possible to the old set. The reason was that no 
essential changes in the study plan of the discipline are 
foreseen for the next few years (it has just been re-worked in 
the context of the modernized study plan for the computer 
course as a whole). The lectures and the exercise instructions 
were combined in one textbook. The idea was to make it 
easier for the students to consult with the lectures’ content 
when preparing for an exercise class. The methodological 
approach for the organization of the exercises was changed to 
implement completely independent work of the student on the 
topic of the exercise, done in advance to the scheduled 
classes. To facilitate the preparation for the exercises extended 
consultations were introduced, increasing the total 

consultation time available to the students by more than 50%. 
When deciding on the new approach, certain fears for 
unavailability of PCs to the students were present. These 
appeared to be completely groundless first because we have 
underestimated the private access to modern computers and 
secondly because in the mean time the university increased 
significantly the number of PCs freely available to the 
students through the library. On the other hand, the chosen 
type of simulation software had so small requirements in 
respect of the hardware, that practically the students could run 
it from everywhere and on any platform. To reduce further 
obstacles for independent work, lectures, exercises’ content 
and the installation source of the simulation program were 
loaded on an Internet accessible platform so that students can 
have access to these 24 hours. In addition, a discussion forum 
was opened in the Internet, where everyone can put questions 
and get answers within the next day. The structure of the 
exercises’ assignments was changed to become more 
descriptive in respect of what has to be done and what should 
be expected as a result. The requirements for the presentation 
of the exercise’s results were simplified, while the focus was 
put on the conclusions. That was achieved with an 
introduction of guiding questions at the end of each exercise 
description. Answering these the students acquire in-depth 
understanding of the essence of the exercise topic and hence 
improved ability to apply the quazi-practical experience 
obtained during work with the simulation program.  

V. ASSESSMENT RESULTS 

As mentioned earlier the basic content of the exercises was 
not changed essentially when changing the methodology of 
the training. This allowed for good comparison for the level of 
successiveness of the students before and after the change. 
The assessment was made implementing two methods – an 
interview to reveal the changes in the personal attitude of the 
students and comparative study of the actual results from the 
presentation of the exercise data sheets and the formal tests. 
The interview results pointed to improved attitude towards the 
discipline in general. People considering it difficult dropped 
from 90% to 70%. The improvement is even better regarding 
the exercise classes. The percentage of students approving the 
applied methodology increased from 20% to 80%. This 
significant increase directly confirms the correctness of the 
new approach and encouraged authors to proceed with its 
improvement. However even after the introduction of the 
simulation training, still about half of the students consider the 
discipline useless within their course program. This should be 
considered serious signal in respect of the general planning of 
the education for the computer specialists’ courses. Perhaps 
part of these perception problems have their roots in the 
philosophy and concept for educating universal specialists 
rather than narrowly profiled. As long as such fundamental 
changes in the educational program are impossible for the 
moment, we should rather concentrate on the increasing of the 
attractiveness of the less attractive disciplines like Digital 
Electronics.  

Interesting figures from the test results on this discipline 
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were observed when successiveness of the students was 
compared before and after the change of the exercise classes’ 
methodology. These can be seen from the table below 
(average figures shown): 

TABLE I  
SUCCESSIVENESS RESULTS 

Test Parameter Before After 
General 

successiveness rate 30% 35% 

Results for 
exercises 20% 53% 

Results from 
content tests 35% 40% 

It is obvious (and it should have been expected) that most 
effect was achieved on the exercise part of the training. The 
lower effect on the other parameters can be explained with 
fundamental reasons arising from general misbalances in the 
overall study plan as outlaid earlier.  

Another interesting side effect was observed in connection 
with the methodological survey conducted. Unfortunately, it 
could not be measured quantitatively and has more orientation 
nature to guide academic staff in future developments. This is 
a substantial increase in the wish of the students to experiment 
with various options of the simulated circuits, up to the point 
to apply absurd values or modes of operation. This effect was 
unexpected even for the authors when designing the 
curriculum of the exercises. We may explain it to an extent 
with the play component existing in the simulation procedure. 

As mentioned earlier the new generation of students has a 
passionate attitude to computer games and systems. This 
naturally based attitude should be in authors’ opinion 
exploited further to attempt creation of genuine interest to 
subjects, which principally are difficult and boring for the 
students.  

VI. CONCLUSIONS 

Introduction of circuit simulation in the exercise 
methodology for the discipline Digital Electronics in no way 
can substitute work with real circuits. In this respect, it should 
be looked at as an alternative to the classical exercise classes. 
Perhaps it is the most easiest way to induce a genuine interest 
with the contemporary students to this generally difficult and 
hard to pass discipline. Improvements in the methodology of 
teaching should be sought in direction of proper arrangement 
of exercise topics as well as in comprehensiveness of circuits’ 
studies performed by the students. In situations when 
reduction of contact hours discipline’s study plan is foreseen, 
this methodology approach may be used to preserve still good 
level of learning at much saved time to academic staff. 
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Analysis of Matched Filters in MATLAB Environment   
Veska M. Georgieva1, Mariya D.Neikova2  

 
Abstract – It’s described in the paper a laboratory exercises for 

the course on Signals and Systems.  On the base of the theory of 
matched filters (MF), the students can made some simulation 
models for synthesis and analyze of matched filters. The 
important characteristics can be analyzed in time and spectral 
domain such as Amplitude/frequency characteristics and 
Phase/frequency characteristics, correlation function. The 
simulations are made in MATLAB environment by using of 
SIMULINK toolbox.  
 

Keywords – Signals and systems, matched filters, detection and 
identifying of signals, computer simulation, MATLAB. 

I. INTRODUCTION 

It’s described in the paper an idea of exercises for the 
course on Signals and Systems of students from faculty of 
communications, from faculty of computer systems and from 
faculty of electronics.   

The matched filters are used by signal processing with 
background noise. The success of noise processing method 
depends on its ability to characterize and model the noise 
process and to use the noise characteristics advantageously to 
differentiate the signal from the noise. By the matched filters 
2 principal criteria are used: maximum of signal-to-noise ratio 
(SNR) and minimum of mean square error (MSE). Their using 
in signal processing is appropriated by selectivity, precision of 
the characteristics and the reliability of the filters.   

On the base of the theory of the matched filters, the 
students can made a simulation model for analyze and 
synthesis of these filters. Some important characteristics can 
be analyzed: the spectrum, correlation function.  

II. PROBLEM FORMULATION 

The optimal filtration on the base of matched filters can be 
realized by the following conditions: 

• The form of the signal and it’s power spectrum 
is known; 

• The noise model is additive, with using of 
Gaussian white noise with power spectrum 0N .  

The matched filter is linear filter, which provides maximal 
signal-to-noise ratio ( maxSNR ).  
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The outS  can be obtained (Eq.1) [1]: 
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According to principles of the matched filtration (Eq.4) [2]: 
      0)(.)( * jwt

inopt eSAT −= ωω          (4) 

where )(* ωinS  is the complex conjugateed spectrum of the 
signal; .A  = const.  
The transmission gain corresponds to the spectrum form of the 
input signal inS . 
On the base of the theory the students can do the following 
tasks: 

• To design matched filters for following signals: unit 
regtangular impulse, regtangular pulse train, unit radio 
impulse, radio impulse train, gaussian impulse,   
gaussian pulse train; 

• To analyze the influence of signal parameters to the 
output signal and it’s spectrum; 

• To analyze the correlation functions for the investigated 
signals. 

III. EXPERIMENTAL PART 

The design of the MF can be realized in MATLAB 
environment by using of   SIMULINK toolbox [2]. 

The unit impulse signal is generated by using of block 
“Step”. For investigation of the noise influence can by 
switched the block “Gaussian noise”. So the noise can be 
added to the unit impulse. The process can be oserved on the 
Scope. The spectrum of the input and output signals can by 
observed according to the Power Spectrum Density of the 
signals. 

The simulation model of the MF for unit impulse is given in 
Fig.1. 

To generate pulse train is using the block “Pulse 
Generator”. The occording simulation model for pulse train is 
given in Fig.2. 
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Fig.1 Model of MF for unit regtangular impulse 
 

 
Fig.2 Model of MF for regtangular pulse train 

 
To genetate a unit radio impulse is used block “Sine wave”. 

For time limitation of the signal to one period is used a block 
“Switch”. On its second input can be assigned the number o 
periods. The simulation model of the MF for unit radio 
impulse is given in Fig.3. 

 
 

Fig.3 Model of MF for unit radio impulse 
 

In Fig.4 is given a simulation model of MF for unit 
Gaussian impulse. By using of block “Matlab function” can 
be generated the Gaussian impulse. The result of the filtration 
by matched filter for 5 regtangular pulse train is given in 
Fig.5. It is shown the results of processing in time and in the 
frequency domain. 
 

 

 
 

Fig.4 Model of MF for unit Gaussian impulse 
 

     
 

Fig.5 Results of the filtration by matched filter for 5 regtangular 
pulse train in time and frequency domain 

IV. CONCLUSION 

In the paper are presented the principles to design of 
matched filters for different signals, which are used by signal 
processing with background noise. 

On the base of the theory of matched filters, the students 
can create a simulation model for synthesis and analyze of 
these filters. The signals can be processed and analyzed in 
time as in frequency domain. The students can create models 
to generate different signals and to change their parameters. 
So with the help of simulation they can investigate the 
influence of the signal parameters by the process of filtration. 
The method can be developed and the described exercise can 
be used for web based distance education. 
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Education in Microelectronics Design 
Using a Web Environment 

Rossen Radonov1 
 

Abstract – A web-based environment for management of the 
educational process is being used for a couple of years in the 
ECAD Laboratory at the Technical University of Sofia, Bulgaria 
The system is developed aiming at the total archiving of the 
educational process, which allows improvement of quality. This 
is achieved by transparency, traceability, observation of 
deadlines, etc. The paper presents the capabilities of the latest 
version 8 of the e-Management environment. A Microelectronics 
desgn course is focused. 

Keywords – microelectronics design, education, control, 
internet. 

I.   INTRODUCTION 

New technologies, Internet education, distant learning and 
other methods [1], [2] were massively introduced in the 
education during the last decade. Their primary objective is to 
implement computer and internet technologies for 
introduction of multimedia in the education [3]. Together with 
that the second main trend is to give a wider range of 
participants an access to the educational process via the 
transition to a non-auditorium based processes. 

At the same time the auditorium based education has not 
lost its actuality and capabilities. It has been changed 
especially with the introduction of computer technologies. A 
number of educational courses are directly connected with 
their usage [4]. The principles for quality management, which 
are implemented in the ISO 9000 standards, were introduced 
to the education as well. All that imposed the development of 
a system for electronic accompanying (support) of the 
auditorium based courses. The e-Management is such kind of 
system. 

II.   E-MANAGEMENT 

The platform has been developed for several years. Its 
primary objective is to combine the advantages of the internet 
technologies with the principles of the educational quality 
management for the needs of the auditorium based education. 
Initially, the system was used mainly for an info depot and 
student testing. The first subjects that implemented it are 
Surface Mounted Devices techniques [5] and CAD tools in 
Microelectronics (http://ecad.tu-sofia.bg/spm). Gradually the 
system was expanded with areas for education, testing and 
communication and archiving the auditorium based 
educational process using  the Internet. The  structures  related  

1Rossen Radonov is with the Faculty of Electronics, 8 St. Kl. 
Ohridsky blvd. Technical University of Sofia, 1797 Sofia Bulgaria, 
E-mail: Rossen.Radonov@ecad.tu-sofia.bg. 

to the information representation, educational schedule, 
laboratory reports and tests [7] and thus was obtained the 
environment for management and control of the educational 
process. 

Each subject has a dedicated site. Its main information is 
publicly available – subject name, lecturers, syllabus, 
educational schedule, etc. – Fig. 1. 

 

Fig .1. The Login page. 

After the successful login the user is presented with two 
main zones – a navigation frame to the left and a work frame 
to the right. Group lists, users’ directories and users’ results 
are available to all users – Fig. 2. It is also possible to get 
access to the test results, answers to the self-study questions 
and other. 

 
Fig. 2. Graphical user interface. 
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A wide variety of statistical functions were implemented in 
version 7. They are related to: groups’ distribution, 
distribution of exercise topics and classes, review of 
somebody else’s materials, tasks’ deadlines and report 
submissions, trial test results, average score, last score 
(marks), attending classes with other groups, being late for 
classes, forum activity, personal messages. 

III.   THE NEW MOMENTS IN VERSION 8 

The latest version 8 implements the concepts of the 
educational process unity related to the horizontal and vertical 
links. The horizontal unity requires all students to have the 
possibility to use a unified system for electronic 
accompanying of the education with equal access to all 
subjects. In order to accomplish that, a centralised database 
was introduced, which holds the user accounts of all students 
– Fig. 3. 

 
Fig. 3. Centralised user management. 

In this way they can use one and the same username and 
password for all sites. When changing the password in one 
site the password for all other sites also changes. This helps 
for the more effective usage of the environment. The 
knowledge gained from different subjects is used in the 
education on Microelectronics and the integrated circuits 
design related to it. It is very useful to use the team approach 
when working on complex projects. The e-Management 
system is capable of meeting those requirements. The 
possibility of a unified transition between two subjects allows 
information related to the specific task to be exchanged. The 
data related to the educational process is shown in Fig. 4. 

 

Fig. 4. A task report. 

IV.   CONCLUSION 

The work that has been carried for the implementation of 
the E-management system revealed the necessity to change 
some concepts. At the same time the functionality was 
improved, which made the system easier to use. 

The organizational activities were enhanced as well as the 
one for the statistical data processing. In this way the system 
could gain more admirers. 
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Computers Optic Microscopy  
for Education Electronics 

Silvija Letskovska1, Pavlik Rahnev1 

 
Abstract – In this paper the combination between optical 

microscope and modern digital devices (computer) is described. 
The system of the image analyze is intended for training students 
and scientific work. 

 
Keywords – optical microscope, image analyze, student 

training. 

I. INTRODUCTION 

In the advanced microscopy technique more frequently is 
the necessity of using monitor visualization of registration and 
computer analyses of the images (electronics, criminology, 
material science, biology, medicine, etc.), everything 
connected with small objects. 

The modern computer system (image analysers) can be 
used in laboratory works, science investigation and education. 
They consist soft – hardware complexes built for receiving, 
converting, processing the image and saving the received 
information. 

The complex of the equipment depends on the tasks to be 
solved. They are not simply connected separate elements, but 
unified in common system. 

The transfer of optical microscopy to computer can be done 
in two ways: 

 
 

Fig. 1. 
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• Leader Companies producing microscopes (Zeiss [1], 
Nicon [2], Leica [3]) supplied their microscopes with  
special video adapters, video cameras and software 
for micro objects image analysing; 

• The presence in the market of not expensive digital 
photo and video devices gives the possibility of easy 
connection microscope – video – computer. 

In other words there is interesting possibility to upgrade and 
to connect in complex old microscopes, modern photo 
technique, computer (PC), software and printer - Fig. 1. 

The goal of this work is to describe such combinations for 
laboratory and educational purposes.  

II. REQUIREMENTS FOR IMAGE ANALYZER 

The microscope could ensure the choice of monitoring field 
in different magnifications and light conditions. It forms the 
image and transfer it to the photo/video device. 

The camera must accept the image from the microscope and 
transfer to the computer. It could be black/white or colour 
with high resolution and possibility to control and manipulate 
same of the image parameters [4,5]. 

The required resolution of the video camera is determined 
by the sizes of the object and microscope used magnification 
(M). 

If the size is 2mm, M=100, the resolution could be 50 
pixels/mm (for recognizing of the object on to it must have no 
less then 5 pixels).  TV Camera 

As result CCD camera 510x510 will allow to work with 
images with real size is approximately 10x10mm. Printer The base requirements for the computer are: 
• Working with images which size is several MB and 

more; 
• Speed and reliability (quick processor and memory 256 

MB and more); 
• Compatibility with peripherals with could be the part 

of the complex analyser and to be command by the 
computer. Microscope Computer + TV grabber 

The monitor is also peripheral of the PC. The main 
parameters are: 
• Size – usually 17” minimum for 1:1 scale of viewing 

and editing of the image; 
• When the digital cameras with matrix over 1milione 

pixels the size of the screens could be 19” or 21”; 
• Special monitor for corner correction and deformations 

of the image. 
The software requirements depends on the specific 

equipment and purposes – Fig.2. 
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Fig. 2. Block diagram of software requirements. 

III. BUILDING THE SYSTEM FOR IMAGE 
ANALYZING 

The composition of the system is next: 
• Optical microscope MBS -10 (Microscope Binocular 

Stereo, Russia) with standard light source - Fig. 3; 
 

The process of student education in many courses need  

 
Fig 3. Microskope MBS -10. 

 
• Black/White camera with CCD matrix (B/W /3” CCD) 

mounted onto the microscope with TV adapter (TV – 
A) - Russia, Fig. 4. The technical parameters are in 
Table I. 

• TV adapter is intended to transmit the optical image 
from the microscope to TV camera with next input in 
the computer (Fig. 4). For this purpose TV tuner is 
installed model PV – BT878P+W/FM (PixelView, play 
TV pro) [6, 7].  

• Computer and printer. The computer has processor 1,3 
1GHz and moor, Windows XP Professional, 17” 
monitor, video card 32MB, memory RAM 512 MB and 
more. The printer is Black/White, HP Laser Jet 1020; 

• Special software Video tesT – Metall, for managing 
and analyzing of images. 

 
 
 

TABLE  I 
Input dates Editing  

Overall dimensions, 
mm 170х130х130 

Weight, no more, than 
kg 0,7 

Increase in optical system of the ТV-adapter 
together with a head part of a microscope 

depending on the established position of handles 
of change of increase: 

Index on the 
handle 0,6 1 2 4 7 

Increase in a 
plane of the 
CCD-matrix 

0,15 0,27 0,55 1,1 1,92 

Recognition Measuring 

Program 
configuration 

Results out 

Reminding/References 

 
 

 
Fig. 4. TV adapter (TV – A). 

 
So completed system can fulfill next functions: 

• Choice of part of the object and viewing the image in 
the type ”life” picture on the screen in real time; 

• Filtering (colouring), changing the scale of the image, 
illumination; 

• Estimation the sizes of the objects; 
• Viewing the image on the screen and printing (hard 

copy). 
It could be mentioned that using different additional 

devices can extend usefulness of the system. For example 
using UV light (ultra violet), Infrared camera (Thermo 
camera) Laser beams etc [8].  

IV. THE SYSTEM AND STUDENT EDUCATION 

The process of student education in many courses need 
visualization of micro images. The use of the optical image 
analyzer (OIA) shows good results in material science, 
criminology, medical courses, etc. 

As examples of using OIA (optical image analyzer) in 
education process could be shown next: 
• Demonstration of micro images from educational 

sample collection; 
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• Demonstration of micro images with additional 
education for use the computer analyzer; 

• Using OIA for creating educational materials (disk, 
movies etc.). 

V. CONCLUSION 

As result the student have better acceptance of new 
materials, increasing their computer skills, increasing the 
possibility to use microscopes. In the same time the students 
create better vision for micro objects.  
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