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WELCOME TO ICEST 2013 
 
 

Dear Colleagues, 
 

On behalf of the Technical Program Committee it is my pleasure to invite you to attend 
the XLVIII International Scientific Conference on Information, Communication and 
Energy Systems and Technology ICEST-2013, which will be held from 26 to 29 June at 
the Faculty of Tourism and Organizational Sciences - Ohrid, Macedonia.  
 
The ICEST Conference gained its acronym as a successor of EIST Conference in 2002, 
when the Faculty of Electronics from Niš, Serbia, joined the Faculty of Communication 
and Communication Technologies from Sofia, Bulgaria and the Faculty of Technical 
Sciences from Bitola, Macedonia, in organizing the series of Conferences.  
 
As to the previous five ICEST Conferences, we have ever increasing number of papers 
and authors from institutions all over the world. This year we have 173 authors (and 
coauthors) from 12 countries with more than 240 scientific and application oriented 
papers out of which the Conference International Reviewer Board selected 197 papers 
for oral and poster presentations.  
In spite of the tight Conference schedule I hope that there will be enough time for 
social activities which will enable further strengthening of the professional and 
personal relations among the ICEST participants for the benefit of the institutions and 
the countries they are coming from.  
 
At last, in the name of the Conference Technical and Program Committee I want to 
express my gratitude to the authors and reviewers who have contributed to maintain 
the high standards for ICEST, and to all others who were involved in organization of the 
Conference.  
 
I am sure that the beautiful and picturesque Ohrid will give you all, an inspiration for 
fruitful work and pleasant time during the ICEST Conference.   
 
I am looking forward for seeing you in Ohrid. 
 
  

Prof. D-r Cvetko Mitrovski 
Conference Chairman 
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immunity deterioration. When code rates are high, the first 
factor has greater impact and noise immunity becomes lower 
as a result of the smaller checksum. In the middle section of 
the graphics (0.4  RRS  0.7) the two factors have 
commensurable impact and, respectively, the noise immunity 
remains relatively constant.  

The dependencies shown in Fig. 3 make it possible to 
define the optimal RS code rates when using different 
methods for radio channel forming. In order to do this, two 
factors have to be taken into account: the radio channel noise 
immunity and the bandwidth effectiveness, which decreases 
when the code rate becomes lower. 

IV. RADIO CHANNEL NOISE IMMUNITY WHEN THE 
CONVOLUTIONAL CODE PARAMETERS CHANGE   

The convolutional encoding devices have memory, and 
their output is not only the function of the current symbol but 
also of the previous l  1 input symbols (the length of each 
symbol is n bits), where l is the constraint length. In digital 
TV broadcasting, punctured convolutional codes based on a 
rate 1/2 convolutional code with constraint length l = 7 have 
become established. The code generator polynomials of these 
codes are as follows: 
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In satellite and terrestrial DVB systems are used convolutional 
codes with rate RC = 1/2, 2/3, 3/4, 5/6 and 7/8.      

One of the most common and applied methods for 
convolutional code decoding is the Viterbi algorithm. The 
upper limit of bit error probability (BER) after Viterbi 
decoding can be defined by the formula [4]: 
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where w(d) is the number of paths of Hamming distance d 
from the all-zero path, p(d) – the probability of choosing an 
incorrect path, which is different from the correct path in 
terms of d positions, and df – the free distance of the used 
code. 

The values of w(d) and df are given [2], [4] and [5], and for 
the derivation of p(d) are used the expressions from (2) to (6), 
in which the argument of the error complementary function is 
substituted by x* = x· d· RC . As a result, the following 
formulae for the calculation of p(d) are derived: 

 when QPSK signals are transmitted 

 C 0( ) 0.5 bp d erfc R d E N           (10) 

 when 8PSK signals are transmitted 

 C 0( ) 0.33 0.66 bp d erfc R d E N          (11) 

 when 16QAM signals are transmitted 

 C 0( ) 0.38 0.63 bp d erfc R d E N          (12) 

 when 32QAM signals are transmitted 

  C

2

0( ) 0.2 1 1 0.49 bp d erfc R d E N           (13) 

 when 64QAM signals are transmitted 

 C 0( ) 0.29 0.38 bp d erfc R d E N           (14) 

The impact of the code rate on the radio channel noise 
immunity can be observed in Fig. 4. It shows a curve family 
for different convolutional code rates with generator 
polynomials Gx=171 and Gy=133. It is evident that when the 
code rate is increased, the noise immunity decreases. 

The results of this study show that when the probability of 
bit error occurrence in the communication channel is high, the 
convolutional code does not manage to correct the error bits 
and even increases their number. In the borderline case it may 
even occur that all bits after the decoder are error bits. 

The impact of the code constraint length l on the radio 
channel noise immunity can be analyzed by studying 
convolutional codes with different generator polynomials. 
Fig. 5 shows the results of such a study, which are relevant to 
convolutional codes with rate RC = 1/2. It is evident that when  
l increases, the channel noise immunity becomes higher. 

V. EFFECTIVENESS EVALUATION OF DOUBLE-
CASCADE RS/CONVOLUTIONAL 

ENCODING APPLICATION 

The material we have considered up to here points to the 
fact that in order to make the radio channel noise immunity 
higher, it is necessary to increase the length of the packets 
undergoing RS encoding and the constraint length of the 
convolutional code. However, this leads to a complication of 
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immunity deterioration. When code rates are high, the first 
factor has greater impact and noise immunity becomes lower 
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the graphics (0.4  RRS  0.7) the two factors have 
commensurable impact and, respectively, the noise immunity 
remains relatively constant.  
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immunity deterioration. When code rates are high, the first 
factor has greater impact and noise immunity becomes lower 
as a result of the smaller checksum. In the middle section of 
the graphics (0.4  RRS  0.7) the two factors have 
commensurable impact and, respectively, the noise immunity 
remains relatively constant.  

The dependencies shown in Fig. 3 make it possible to 
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factors have to be taken into account: the radio channel noise 
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immunity deterioration. When code rates are high, the first 
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The values of w(d) and df are given [2], [4] and [5], and for 
the derivation of p(d) are used the expressions from (2) to (6), 
in which the argument of the error complementary function is 
substituted by x* = x· d· RC . As a result, the following 
formulae for the calculation of p(d) are derived: 

 when QPSK signals are transmitted 
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The impact of the code rate on the radio channel noise 
immunity can be observed in Fig. 4. It shows a curve family 
for different convolutional code rates with generator 
polynomials Gx=171 and Gy=133. It is evident that when the 
code rate is increased, the noise immunity decreases. 

The results of this study show that when the probability of 
bit error occurrence in the communication channel is high, the 
convolutional code does not manage to correct the error bits 
and even increases their number. In the borderline case it may 
even occur that all bits after the decoder are error bits. 

The impact of the code constraint length l on the radio 
channel noise immunity can be analyzed by studying 
convolutional codes with different generator polynomials. 
Fig. 5 shows the results of such a study, which are relevant to 
convolutional codes with rate RC = 1/2. It is evident that when  
l increases, the channel noise immunity becomes higher. 

V. EFFECTIVENESS EVALUATION OF DOUBLE-
CASCADE RS/CONVOLUTIONAL 

ENCODING APPLICATION 

The material we have considered up to here points to the 
fact that in order to make the radio channel noise immunity 
higher, it is necessary to increase the length of the packets 
undergoing RS encoding and the constraint length of the 
convolutional code. However, this leads to a complication of 
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immunity deterioration. When code rates are high, the first 
factor has greater impact and noise immunity becomes lower 
as a result of the smaller checksum. In the middle section of 
the graphics (0.4  RRS  0.7) the two factors have 
commensurable impact and, respectively, the noise immunity 
remains relatively constant.  

The dependencies shown in Fig. 3 make it possible to 
define the optimal RS code rates when using different 
methods for radio channel forming. In order to do this, two 
factors have to be taken into account: the radio channel noise 
immunity and the bandwidth effectiveness, which decreases 
when the code rate becomes lower. 

IV. RADIO CHANNEL NOISE IMMUNITY WHEN THE 
CONVOLUTIONAL CODE PARAMETERS CHANGE   

The convolutional encoding devices have memory, and 
their output is not only the function of the current symbol but 
also of the previous l  1 input symbols (the length of each 
symbol is n bits), where l is the constraint length. In digital 
TV broadcasting, punctured convolutional codes based on a 
rate 1/2 convolutional code with constraint length l = 7 have 
become established. The code generator polynomials of these 
codes are as follows: 
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In satellite and terrestrial DVB systems are used convolutional 
codes with rate RC = 1/2, 2/3, 3/4, 5/6 and 7/8.      

One of the most common and applied methods for 
convolutional code decoding is the Viterbi algorithm. The 
upper limit of bit error probability (BER) after Viterbi 
decoding can be defined by the formula [4]: 
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where w(d) is the number of paths of Hamming distance d 
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Fig. 5 shows the results of such a study, which are relevant to 
convolutional codes with rate RC = 1/2. It is evident that when  
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immunity deterioration. When code rates are high, the first 
factor has greater impact and noise immunity becomes lower 
as a result of the smaller checksum. In the middle section of 
the graphics (0.4  RRS  0.7) the two factors have 
commensurable impact and, respectively, the noise immunity 
remains relatively constant.  

The dependencies shown in Fig. 3 make it possible to 
define the optimal RS code rates when using different 
methods for radio channel forming. In order to do this, two 
factors have to be taken into account: the radio channel noise 
immunity and the bandwidth effectiveness, which decreases 
when the code rate becomes lower. 

IV. RADIO CHANNEL NOISE IMMUNITY WHEN THE 
CONVOLUTIONAL CODE PARAMETERS CHANGE   

The convolutional encoding devices have memory, and 
their output is not only the function of the current symbol but 
also of the previous l  1 input symbols (the length of each 
symbol is n bits), where l is the constraint length. In digital 
TV broadcasting, punctured convolutional codes based on a 
rate 1/2 convolutional code with constraint length l = 7 have 
become established. The code generator polynomials of these 
codes are as follows: 
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where w(d) is the number of paths of Hamming distance d 
from the all-zero path, p(d) – the probability of choosing an 
incorrect path, which is different from the correct path in 
terms of d positions, and df – the free distance of the used 
code. 

The values of w(d) and df are given [2], [4] and [5], and for 
the derivation of p(d) are used the expressions from (2) to (6), 
in which the argument of the error complementary function is 
substituted by x* = x· d· RC . As a result, the following 
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The impact of the code rate on the radio channel noise 
immunity can be observed in Fig. 4. It shows a curve family 
for different convolutional code rates with generator 
polynomials Gx=171 and Gy=133. It is evident that when the 
code rate is increased, the noise immunity decreases. 

The results of this study show that when the probability of 
bit error occurrence in the communication channel is high, the 
convolutional code does not manage to correct the error bits 
and even increases their number. In the borderline case it may 
even occur that all bits after the decoder are error bits. 

The impact of the code constraint length l on the radio 
channel noise immunity can be analyzed by studying 
convolutional codes with different generator polynomials. 
Fig. 5 shows the results of such a study, which are relevant to 
convolutional codes with rate RC = 1/2. It is evident that when  
l increases, the channel noise immunity becomes higher. 
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ENCODING APPLICATION 

The material we have considered up to here points to the 
fact that in order to make the radio channel noise immunity 
higher, it is necessary to increase the length of the packets 
undergoing RS encoding and the constraint length of the 
convolutional code. However, this leads to a complication of 
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immunity deterioration. When code rates are high, the first 
factor has greater impact and noise immunity becomes lower 
as a result of the smaller checksum. In the middle section of 
the graphics (0.4  RRS  0.7) the two factors have 
commensurable impact and, respectively, the noise immunity 
remains relatively constant.  

The dependencies shown in Fig. 3 make it possible to 
define the optimal RS code rates when using different 
methods for radio channel forming. In order to do this, two 
factors have to be taken into account: the radio channel noise 
immunity and the bandwidth effectiveness, which decreases 
when the code rate becomes lower. 

IV. RADIO CHANNEL NOISE IMMUNITY WHEN THE 
CONVOLUTIONAL CODE PARAMETERS CHANGE   

The convolutional encoding devices have memory, and 
their output is not only the function of the current symbol but 
also of the previous l  1 input symbols (the length of each 
symbol is n bits), where l is the constraint length. In digital 
TV broadcasting, punctured convolutional codes based on a 
rate 1/2 convolutional code with constraint length l = 7 have 
become established. The code generator polynomials of these 
codes are as follows: 
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codes with rate RC = 1/2, 2/3, 3/4, 5/6 and 7/8.      

One of the most common and applied methods for 
convolutional code decoding is the Viterbi algorithm. The 
upper limit of bit error probability (BER) after Viterbi 
decoding can be defined by the formula [4]: 
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where w(d) is the number of paths of Hamming distance d 
from the all-zero path, p(d) – the probability of choosing an 
incorrect path, which is different from the correct path in 
terms of d positions, and df – the free distance of the used 
code. 

The values of w(d) and df are given [2], [4] and [5], and for 
the derivation of p(d) are used the expressions from (2) to (6), 
in which the argument of the error complementary function is 
substituted by x* = x· d· RC . As a result, the following 
formulae for the calculation of p(d) are derived: 
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The impact of the code rate on the radio channel noise 
immunity can be observed in Fig. 4. It shows a curve family 
for different convolutional code rates with generator 
polynomials Gx=171 and Gy=133. It is evident that when the 
code rate is increased, the noise immunity decreases. 

The results of this study show that when the probability of 
bit error occurrence in the communication channel is high, the 
convolutional code does not manage to correct the error bits 
and even increases their number. In the borderline case it may 
even occur that all bits after the decoder are error bits. 

The impact of the code constraint length l on the radio 
channel noise immunity can be analyzed by studying 
convolutional codes with different generator polynomials. 
Fig. 5 shows the results of such a study, which are relevant to 
convolutional codes with rate RC = 1/2. It is evident that when  
l increases, the channel noise immunity becomes higher. 

V. EFFECTIVENESS EVALUATION OF DOUBLE-
CASCADE RS/CONVOLUTIONAL 

ENCODING APPLICATION 

The material we have considered up to here points to the 
fact that in order to make the radio channel noise immunity 
higher, it is necessary to increase the length of the packets 
undergoing RS encoding and the constraint length of the 
convolutional code. However, this leads to a complication of 
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immunity deterioration. When code rates are high, the first 
factor has greater impact and noise immunity becomes lower 
as a result of the smaller checksum. In the middle section of 
the graphics (0.4  RRS  0.7) the two factors have 
commensurable impact and, respectively, the noise immunity 
remains relatively constant.  

The dependencies shown in Fig. 3 make it possible to 
define the optimal RS code rates when using different 
methods for radio channel forming. In order to do this, two 
factors have to be taken into account: the radio channel noise 
immunity and the bandwidth effectiveness, which decreases 
when the code rate becomes lower. 

IV. RADIO CHANNEL NOISE IMMUNITY WHEN THE 
CONVOLUTIONAL CODE PARAMETERS CHANGE   

The convolutional encoding devices have memory, and 
their output is not only the function of the current symbol but 
also of the previous l  1 input symbols (the length of each 
symbol is n bits), where l is the constraint length. In digital 
TV broadcasting, punctured convolutional codes based on a 
rate 1/2 convolutional code with constraint length l = 7 have 
become established. The code generator polynomials of these 
codes are as follows: 
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One of the most common and applied methods for 
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upper limit of bit error probability (BER) after Viterbi 
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where w(d) is the number of paths of Hamming distance d 
from the all-zero path, p(d) – the probability of choosing an 
incorrect path, which is different from the correct path in 
terms of d positions, and df – the free distance of the used 
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The values of w(d) and df are given [2], [4] and [5], and for 
the derivation of p(d) are used the expressions from (2) to (6), 
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The impact of the code rate on the radio channel noise 
immunity can be observed in Fig. 4. It shows a curve family 
for different convolutional code rates with generator 
polynomials Gx=171 and Gy=133. It is evident that when the 
code rate is increased, the noise immunity decreases. 

The results of this study show that when the probability of 
bit error occurrence in the communication channel is high, the 
convolutional code does not manage to correct the error bits 
and even increases their number. In the borderline case it may 
even occur that all bits after the decoder are error bits. 

The impact of the code constraint length l on the radio 
channel noise immunity can be analyzed by studying 
convolutional codes with different generator polynomials. 
Fig. 5 shows the results of such a study, which are relevant to 
convolutional codes with rate RC = 1/2. It is evident that when  
l increases, the channel noise immunity becomes higher. 
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ENCODING APPLICATION 

The material we have considered up to here points to the 
fact that in order to make the radio channel noise immunity 
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undergoing RS encoding and the constraint length of the 
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Investigation of Second and Third Order Distortions 
Influence in the CATV/HFC Networks 

Oleg Borisov Panagiev1 

Abstract – In this paper are presented theoretically and 
experimentally researches of the influence of composite 
distortions from second and third order in broadband cable 
radiocommunication systems and devices. Deduced are some 
mathematical expressions, that define the parameters 
characterizing the quality and reliability of the transmitted 
information signals with the help of those systems and devices, 
and according to the standard (CENELEC EN50083).  
 

Keywords – CATV, HFC, CSO, CTB, Volterra kernels. 

I. INTRODUCTION 

In modern broadband communication systems, such as 
CATV/HFC, analog as well as digital signals are transferred 
bidirectional. Their frequency spectrum is between 5 and 862 
MHz. For standard-allocated (Fig.1a) of the Downstream, the 
analog channels (AM-VSB and FM) are at the range 
beginning, and the digital ones (M-QAM) – at the end of it. 
Also existing are the nonstandard-allocated (Fig. 1b), where 
analog and digital channels are both spread though the whole 
range. Independent from the frequency plan, in the active 
devices (cable amplifiers), as well as in the system as a whole, 
occur nonlinear distortions due to the nonlinear transmission 
characteristic. As a result of that occur some nonlinear 
Intermodulation products, which cause moiré-effects for 
analog channels, synchronization or chromaticity distortions, 
and BER deterioration for digital channels.  

47
MHz

470 862АМ -VSB channels M -QAM channels

 
a) standard-allocated 

47 470
 MHz

862

 
b) nonstandard-allocated  

Fig.1. Spectrum of CATV/HFC system 

Researching and measurement of the nonlinear products is 
of great importance for the reliable and secure information 
transfer. The level requirements for nonlinear products in 
comparison to those of the signals with fundamental (carrier) 
frequency are standardized, both for Europe and the world, 
and for separate countries (Table 1). In this paper is studied 
the influence of composite distortions from second and third 
order, which according to the European standard CENELEC 
EN 50083 are characterized with the CSO and CTB ratios, 
that in the worst case should be ≥ 60 dB. 

Because of the different disposal of the carrying 
frequencies for analog and digital signals in the respective TV 
channel (Fig.2), the resulting nonlinear products are occurring 
in other (different) places in the TV channel [1], compared 
with ones that have already been described and discussed in 
other literature sources. 

Researching of the nonlinear distortions and of thereof 
originated nonlinear products is made by proposing a suitable 
mathematical model and a method for calculating the CSO 
and CTB ratios for one amplifier and a cascade of same and 
different cascade connected amplifiers. 

TABLE I 
CATV PERFORMANCE TEST STANDARDS 

 

fb fpc fh  
a) analog channel (AM-VSB) 

fb fc fh  
b) digital channel (M-QAM) 

Fig.2. TV channel 

II. MATHEMATICAL MODEL AND ANALYSIS 

A. Mathematical model 

Based on the presented CATV/HFC network spectrum 
(Fig.1a) and the mathematical apparatus of Volterra series [5], 
[6], [7], is proposed a single-frequency dependant model [5], 
which takes in account the nonlinear inertial features of the  

1Oleg B. Panagiev is with the Technical University of Sofia,
Bulgaria, E-mail: olcomol@yahoo.com. 
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Fig.3. Single-frequency dependent model 

system and the electronic amplifiers in it. For perspicuity and 
to simplify the analysis, every branch is separated in two: a 
linear inertial and a nonlinear zero memory part. Furthermore 
each branch describes a nonlinearity of a respective order: 1, 
2, and 3. 
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Moreover, by Inverse Fourier transformation (IFT) in 
frequency range Volterra kernels are: 
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where f1, f2… fN are the carrier frequencies of the transmitted 
signals (channels), where for analog signals – picture carrier 
(fpc), and for the digital – carrier (fc), (Fig.2); n=1, 2, 3,... is 
polynomial order describing transmission performance of the 
system or amplifier; N is number of channels.  

While analyzing the nonlinear distortions and their 
nonlinear products in this analysis, is used the three-generator 
method, and the nonlinearity is from second and third order. 
This way: 
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The nonlinear terms in Eq.4 involve only one-dimensional 
convolution and they in this case can be regarded as being 
composed of a zero memory nonlinear chain followed by a 
linear time invariant chain (Fig.3). Since the nonlinearity in an 
amplifier is usually only a small deviation from the linear 
design, its transmission performance can be adequately 
described by the first three terms of the Volterra series 

expansion in most cases. The analysis and discussion in the 
sequel will therefore be based on this assumption. 

The derived ratios and the resulting formulas are made 
pursuant to the requirements for the levels of composite 
distortions from second and third order (CSO, CTB) of the 
CENELEC EN50083 standard. 

For a simplification of the record the summary and the 
differential frequencies of the nonlinear products [8] will be 
denoted only with fb, and will specify of the nonlinear product 
is from second and third order. The essential here is whether 
the nonlinear product falls into the channel and not from 
which, how many or what type of combination of frequencies 
it has originated.  

B. Determination the levels of the nonlinear products 

1) Single amplifier 

1.1. Two/three channels [9] 
1.1.1. Composite distortions from 2-nd order (CSO) 

( ) outb AfHGCSO lg20lg202 2 −−= , [dB]  (5) 

1.1.2. Composite distortions from 3-rd order (CTB) 
a) by two-component beat 

( ) ( ) 5,2lg40lg203 3
2 +−−= outb AfHGCTB , dB] (6) 

b) by three-component beat 

( ) ( ) 52,3lg40lg203 3
3 −−−= outb AfHGCTB  , [dB] (7) 

where: 
G- amplifier gain in [dB], G=20lg|H1(f)|; 
Aout - amplitude of the signal with fundamental 

(carrier) frequency of the channel;  
|Hn(fb) |- Volterra kernel, n = 2, 3; 
fb - frequency of the nonlinear product as a result of 

beating. 
The Volterra kernels are defined in dependence from the 

amplifier parameters and the signal levels [3] by using the 
modulation coefficients MCn(fb) from second and third order: 

)2/1(20
)(

)10(.)(
bfnMC

nbn bfH = , where   (8) 

bn is obtained from Fig.4. 

Since the second/third harmonic is Dn dB below the output 
level L with fundamental frequency, the modulation 
coefficient MCn(f) based on the power unit dBµV is 

LnfDfMC nn ).1()()( −−= .    (9) 

In some cases, it is more convenient to use normalized 
Volterra kernels )('

bn fH  to describe the nonlinearity of a 

system: 

)10/()()( 20'
G

bnbn fHfH = .    (10) 
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Fig.4. Graphic of the dependence lg (bn) = func (G) 

1.2. For N number of channels 
1.2.1. Composite distortions from 2-nd order (CSON) 

NN ΔCSOCSO −= , [dB] where    (11) 

ΔN is a correction coefficient, that accounts the influence of 
the number of transmitted channels. 

)1lg(. −= NxΔN , [dB] and     (12) 

the x parameter gets values depending on the method of 
synchronizing the carrier frequencies of the signals 
(channels), [10]. 
1.2.2. Composite distortions from 3-rd order ( )(∗

NCTB ) 
a) by two-component beat 

6.2)2()2( −−= NN ΔCTBCTB , [dB]    (13) 

b) by three-component beat 

NN ΔCTBCTB .2)3()3( −= , [dB]     (14) 

2) For a cascade of M amplifiers and N number of channels 

2.1. For same amplifiers 

2.1.1. Composite distortions from 2-nd order (CSOM) 

MCSOCSO NM lg10−= , [dB].    (15) 

2.1.2. Composite distortions from 3-rd order ( )(•
MCTB ) 

a) by two-component beat 

MCTBCTB NM lg20)2()2( −= , [dB].    (16) 

b) by three-component beat 

MCTBOCTB NM lg20)3()3( −= , [dB].   (17) 

2.2. For different amplifiers 

2.2.1. Composite distortions from 2-nd order (CSOM) 

...1010lg15 15/215/1[ ++−= −− CSOCSO
MCSO    

]15/10... MCSO−+ , [dB]. (18) 

2.2.2. Composite distortions from 3-rd order ( )(•
MCTB ) 

a) by two-component beat 

( ) ( )
...1010lg20 20/2

220/2
1)2( [ ++−=

−− CTBCTB
MCTB    

( ) ]20/2
10... MCTB−

+ , [dB].  (19) 

b) by three-component beat 

( ) ( )
...1010lg20 20/3

220/3
1)3( [ ++−=

−− CTBCTB
MCTB    

( ) ]20/3
10... MCTB−

+ , [dB].  (20) 

III. THEORETICALLY AND EXPERIMENTALLY 
RESULTS 

Here are presented the results of the theoretically and 
experimentally study of three amplifiers. In Table 2 is given 
the data from the theoretically study of the composite 
distortions from second and third order with N=2 and N=65, 
and M has values of 1, 6 (8 for VX94G), and 20. The values 
for CSO and CTB are for the worst case in one broadband 
radiocommunication (CATV/HFC) system in the range of 
111-862 MHz with a standard channel distribution (Fig.1a). 
The number of analog channels is 50 and has the digital – 15. 

TABLE II 
CSO AND CTB FOR  THREE TYPES AMPLIFIERS 

 CSO CTB(2) CTB(3)  

   N 
M 2 65 2 65 2 65 

GLV865
1 67,94 54,39 79,42 46,32 73,40 46,30
6 60,16 46,61 71,64 30,76 65,62 30,74
20 54,93 41,38 66,41 20,30 60,39 20,28

VX23B 
1 74,44 60,89 83,42 50,32 77,4 50,30
6 66,66 53,11 75,64 34,76 69,62 34,74
20 61,43 47,88 70,41 24,30 64,39 24,28

VX94G 

1 76,77 63,22 84,29 51,20 78,27 51,18

8 66,41 54,1
9 

74,3
9 

33,1
4 

68,3
7 33,12

20 62,43 50,2
1 

70,4
1 

25,1
8 

64,3
9 25,16

A comparison of the results from the theoretically and the 
experimentally research of the three amplifiers, working in a 
cascade coupling, is presented in Fig.5 and Fig.6 by M=6 for 
GLV865 and VX23B, and M=8 for VX94G. The number of 
the programs is N=65. Because the experiments are realized in 
real operating system, the output levels of the signals for each 
amplifier are reduced according to the in [10] presented 
dependences. 
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Fig.5. CSOM = func(f) 

 

 
Fig.6. CTBM = func(f) 

IV. CONCLUSION 

The proposed method for defining of CSO and CTB allows 
researching the influence of composite distortions from 
second and third order as for separate cable amplifiers, as well 
for systems of cascade connected cable amplifiers.  

Experimentally and theoretically values have a difference 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

 
of barely ±1 dB, which confirms that, the chosen 
mathematical model and its description with the Volterra 
series are correct. A precise determination of the CSO and 
CTB values depends mainly from the measurement accuracy 
of the Volterra kernels. In this case it is too high, which is also 
confirmed by the experimental results. 
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Experimental study on availability of FSO system under a 
heavy snowfall 

Nikolay Kolev1 and Tsvetan Mitsev2 

Abstract – There is developed FSO system designed for 
experimental approbation of it dependencies from 
meteorological conditions. In working terms there is a proofs of 
it work. Experimental dependencies for BER are compared with 
the theoretical dependence BER(SM), build on the base of offered 
mathematical model. 
 

Keywords – Free Space Optics, Bit Error Rate, Visibility  

I. INTRODUCTION 

Over the past two decades, optical wireless communication 
systems have become quite popular as an alternative to 
wireless radio networks. As advantage of the technology can 
be figure out wide bandwidth, relatively rapid development of 
the communication channel, licence free technology, small 
dimensions and weight. Besides the advantages this 
technology also have disandvantages. Rain, fog, snow can 
block the transmission of information in optical wireless 
communication channel. These factors could cause greater 
attenuation of optical signal in comparison with the radio 
signal. Optical wireless communication systems offer high 
speed point to point communication. 

This technology can provide high data rate transfer, it can 
be easily installed, moved or reconfigured as needs change.  

Free space optics is extremely secure because of high 
directivity of the optical beam. This is a technology that 
combines the speed of fiber optics and flexibility of wireless 
radio communications.  In wireless optical technology we 
have light propagation in free space for data transmission 
between two points. It is communication that uses modulated 
optical pulses. Each optical transceiver consists of source of 
light and optical detector. The optical beam is focused by 
collimators.  Because of the advantages of the optical wireless 
communication systems as compared to existing technologies, 
it is the most practical option for higher speed, respectively  
wider bandwidth [1,2].  

Because of this we are constantly looking for ways to 
overcome limitations, of weather conditions, on wireless 
optical communication systems.  

There are a lot of research teams around the world whose 
work is focuses on experimental approbation of such systems 
in order to improve them. Most often approbation are 
associated with the study of addiction on the weather 
conditions like snow, fog, rain on their basic parameters, as 
level of received signal, bit error rate, operating wavelength. 

There is also studies relating to the length of the optical path 
and so on. 

In [3,4] is presented method for real time measurement of 
visibility for wireless optical communication system. 

There is a comparison between few infrared working 
wavelengths. Three side by side parallel links are build, 
operating at 780nm, 1550nm and 9100um. The optical 
parameters of transceivers (aperture of receivers and 
transmitters, distance) are the same. The receive power is 
affected only by channel meteorological conditions at each 
wavelength.   From reported results it is clear that mid 
infrared window is better than other ones in dense and thick 
fog conditions. The authors’ shows graphics fig.3 [5] of 
normalized optical power vs. visibility which indicates that 
9100nm optical link is better than 1550nm and 780nm for 
visibility from 60m to 2000m.   

In this paper we will show our experimental setup for bit 
error rate measurement for free space optics communication 
systems. The kit is equipped with meteorological station, 
pseudo random noise generator, personal computer, 
communication system, digital oscilloscope. 

II. THEORY 

 

For verifying the performance of developed in TU-Sofia FSO 
system, see paragraph III, an experiments in real conditions is 
necessary to be conducted. This suggests selecting such 
parameters of the system and the communication channel 
which allow working of the system with BER in reasonable 
limits, for example BER [10-8-10-9]]. It is better these limits to 
be comparable to the respective typical change of weather 
conditions.  Selecting appropriate parameters can be done by 
performing an energy balance. It is known [7,8] that in 
Gaussian amplitude distribution of the field in the radiating 
aperture the power of laser radiation in the plane of the 
receiving aperture can be calculated by the expression.  

     dAzIzIdAzIz
zz

nz ),(),0(.),()(
22

ρρ
πρπρ
∫∫∫∫ ==Φ        (1) 

In the upper expression ),( zI ρ is the decomposed intensity 

distribution nI  ),( zρ normalized intensity of the directional 

diagram and zρ  is the current radius of the laser beam. The 

radius zρ  e function of the starting radius of the laser beam 

0ρ  (in the aperture of the transmitting antenna), of the central 

wavelength 0λ , of the correction factor θK  considering the  
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real diffraction divergence of the radiation of a Gaussian laser 
beam and of the length of the communication channel Z. 
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By assumption that: 

rz R<<ρ                                (3) 

rR is the radius of receiving aperture , after reduction of the 
expression in (1) [6,7] for intensity of the optical beam in the 
center of receiving aperture we have. 
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In the expression for ),0( zI , tτ is the transmittance of the 
transmitting antenna. The power of optical radiation in the 
aperture of transmitting antenna tΦ  is connected with the 

transmittance of the transmitting antenna tτ and the power of 

the source of optical radiation LΦ . 

Ltt Φ=Φ τ                               (5) 

The transparency of the communication channel aτ  in 
homogenous atmosphere, which is typical for horizontal 
communication channel, can be calculated by  

z
a

ee ατ −=                              (6) 

The extinction of the communication channel eα can be 
calculated by expression: 
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In (7) MS is the visibility. The optical power in the input of 
the photo detector, PIN photodiode, considering (3) is 

),0()( zIAz rrPD τ=Φ                         (8) 

where rτ и rA  are respectively the transmittance and the area 
of receiving optical antenna. Finally for calculation of SNR 
ratio at the output of the receiver we have the expression: 
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In (9) accounting existence of background optical radiation  

BΦ , which depends of rτ , BL ,λ - spectral intensity of 

background radiation, rθ2  - plane angle of the diagram 

directional reception, RR - radius of receiving aperture, FλΔ - 
spectral band of transmittance of the receiver. 

FRrBrB RL λθτπ λ Δ=Φ 22
,

2                    (10) 

In calculations for integral sensitivity of the receiver.  

hc
eRI
λη

=                                    (11) 

where η  is a quantum efficiency of the photo detector, e - 
charge of the electron, h is a Planck’s constant, c is speed of 
light. In (9) BK is Boltzmann constant, T is absolute 

temperature, R and FbR are resistances in trance impedance 

amplifier, which is part of the optical receiver, A is 
coefficient which account the additional noise from 
preamplifier. There is connection between the bandwidth of 
the receiver fΔ  and throughput of the related channel. 

2
ICf =Δ                                     (12) 

Approximate calculation of the bit error rate based on (9) can 
be done according to next formula (13). It  is valid in case that 
SNR >6. 

SNReBER 5.2310*13 −=                        (13) 

III. HARDWARE DESIGN  

Fig.1 shows a simplified block scheme of experimental 
setup for free space optics BER testing. It consists of 
communication system, CPLD board, microprocessor board, 
personal computer, meteorological station. The system is 
installed between block 2 and block 3 of Technical University 
of Sofia at distance of 300m. It operates at speed of 10Mbps 
with 680nm wavelength. The system use LED’s for light 
source. Beam divergence of the system can be set between 2-5 
mrad. For optical receiver we use Hamamatsu Si PIN 
photodiode. For our experiments we use pseudo random bit 
sequence which is generated by CoolRunnerII CPLD chip.  
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The output of the generator is connected to the wireless 
optical communication system. The information passes 
through the atmosphere channel, which is looped back, and 
enters back to the CPLD chip.  
It performs a few parallel operations fig.2. Besides generation 
of pseudo random bit sequence it detects errors and makes 
time compensation. Time compensation is necessary because 
of different time traveling in the different channels. The first 
one is interconnection link inside the CPLD chip and the 
second one is the atmosphere channel. Time compensation is 
done by delay lines realized by logic components in the CPLD 
chip. The generation of pseudo random noise signal lay on so 
called “linear feedback shift register” principle [5]. 
Schematically it is N level shift register with XOR feedback. 
His input condition is a linear function of its previous state. 
The information is shifted on every tick of the clock generator 
from left to right, and last but one and last digit are connected 
to both inputs of the logical element XOR. After completion 
the logical operation result is returned to the first digit of the 
shift registry, etc.  

The period of repetition depends on number of shift 
register stages. The formula used for calculating the period of 
repetition is (1) 

 N=2n-1                                    (13) 

 
, where N is period of repetition, n is number of 

stages of shift register. In the real scheme our shift register 
have We chose to build the generator with D type flip flops in 
the CPLD IC because there is not a single chip shift register 
inside. The real schemes consist of 36 stages shift register, 
which provides 68719476735 period of repetition by formula  
(13). 

In details operation of the experimental kit consists 
of sending pseudo-random sequence of bits over optical 
wireless communication channel. The information is fed to 
comparing device which compares all received and 
transmitted bits at every tick of clock signal. In case that we 
have difference between the two signals the FPGA chip 
produce special signal for mistake. For the correct operation 
of this block it is necessary and existence of the clock signal, 
as shown in the scheme Fig.2.  

The next block of the scheme is the counter of 
mistaken bits, which increment his register when receive 
special signal for error from comparing device. The counter is 
realized by 8-bit PIC microprocessor PIC18F452 which 
operate at 10MHz clock frequency. The information of the 
counter is transmitted through UART-USB converter to the 
Computer. There is standard UART-USB converter connected 
to MCU USART port, pins RC6/TX, RC7/RX which takes the 
signal to the USB port of the computer. The information for 
mistaken bits is send at every second with three consecutive 
bits. Personal computer collects also meteorological data from 
meteorological station Primus WS-2800 fig.1 for wind speed, 
wind direction, rain intensity, outdoor temperature, air 
humidity. The weather station is installed on the roof of the 
block 2 nearby one of the FSO transceiver. The station 
communicates wirelessly with all sensors and PC. It works 
with specialized software “Heavy Weather Pro WS2800” 
which records the data from all sensors in file. Fig3 shows 
real pictures of FSO system installed in TU Sofia. 

 

 
 
 
 
 
 
 

ОБКС-ТУ София FSO-TU Sofia

FPGA (XC2C256) MCU 
(PIC18F452)

Personal
Computer

Meteorological Station TFA Primus WS-2800

Tranceiver

USB

USB

Optical Link

Сензор за скорост и 
посока на вятъра

Hygro thermo 
sensor

Rain Intensity
Sensor

Main
Module

Wireless USB
Dongle

Optical SignalElectrical Signal Radio Signal  
Fig.1 Simplified block scheme of experimental setup for free 

space optics BER testing 
 

Fig.2 Detailed scheme of experimental setup for free space optics BER 
testing 
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Fig.3 Real pictures of FSO system 

IV. EXPERIMENTAL AND NUMERICAL       
RESULTS 

The mathematical model offered in paragraph II can 
be used for configuration of the FSO system (paragraph III), 
so it works at limit of BER=10-3-10-8 in case of good 
visibility. This makes the system too sensitive even by small 
changes of meteorological conditions in rain or snow. For 
example at a fixed length of the communication channel 
z=0.36km, some of the parameters of the system like ρ0 and 
Φt can be configured that at SM=20km (visibility which 
corresponds to clear atmosphere according to International 
visibility codes for weather conditions and  precipitation 
[Heinz Willebrand and Baksheesh Ghumoch, FSO, SAMS 
Publishing_2002])                                                                        
we should have BER=10-8. To meet the given criteria the 
system of TU Sofia work with these parameters: Z=0.36Km, 
λ0=0.68µm, ρ0=0.35cm Kθ=100, SM=20km, 
τt=0.5,ΦL=3.3mW, Rr=5cm, τr=0.5, ή(λ0)=0.86, Ci=10Mbps, 
Lλ,B=10-2W/m2srÀ, θr=5mrad, R=100KΩ, ΔλIF=400nm, 
T=300K, RFb=0.5kΩ, A=10. At these parameters one of the 
channels of the system (in simplex mode) will work with 
BER=2.10-8

. The second channel is configured with big power 
reserve, so in heavy meteorological conditions it transmit 
information without error. In case that we have heavy 
meteorological conditions theoretical dependence BER(SM) 
can be seen at fig. 4 

 

 
                 Fig.4 Theoretical dependence BER(SM) 

 
Experimental approbation of the system is conducted 

in time interval November 2012 – March 2013. At fig. 5 can 
be seen one of the experimental dependencies for BER(t). The 
measuring is for time approximation of 1s, which correspond 
to BERmin=10-7   
 

 
Fig.5 experimental dependencies for BER(t) 

 
 

 
 It shows the dynamics of appearance of snowfall, which 

according to Table of International visibility codes correspond 
to SM 10Km to 1Km. The process occurs for approximately 2-
3min. 

CONCLUSION 
 

In this work we present mathematical model for FSO 
parameter calculation for specific whether conditions at 
predefined BER. With developed in TU-Sofia system we 
conduct experimental approbation in weak and medium 
snowfall. Obtained experimental results confirm the 
performance of the used model. Experimentally taken 
dependence fig.5 confirms the expectations predicted by the 
mathematical model BER(SM) fig.4 In the future we plan to 
develop more precise mathematical model for comparison of 
experimental with mathematical results.  

 
   

ACKNOWLEDGEMENT 
 

 
The research described in this paper is supplied by the 

Bulgarian National Science Fund Under the contract  
№ ДДВУ02/74/2010 

REFERENCES 

[1] H. Willebrand, S. Ghuman, “Free-Space Optics: Enabling 
Optical Connectivity in Today's Networks”, Indianapolis, 
Indiana 46240 USA, Sams Publishing, 2002 

[2] Henniger H., O. Wilfert  “An Introduction to Free-space Optical 
Communications”  

[3] C.P. Colvero, M.C.R. Cordeiro, “Real-time measurements of 
visibility and transmission in far-, mid- and near-IR freespace 
optical links. 

[4] C. P. Colvero, M. C. R. Cordeiro “Experimental comparison 
between far- and near-infrared wavelengths in free-space optical 
systems” 

[5] Kolev, N. , K. Dimitrov, J. Velchev, T. Mitsev, “Experimental 
setup for BER measuring of Free space optics system”, 
ICEST’2011, Nis, Serbia 2011 

[6] Bonev B. Influence of Random Fluctuations of laser beam 
Propagation Direction on FSO Power Design 

[7] Ferdinandov E., B. Pachedjieva , B. Bonev. Sl. Saparev Joint 
influence of heterogeneous stochastic factors on bit-error rate of 
ground-to-ground fre-space laser communication systems 

[8] Ts.Mitsev, K. Dimitrov, Hr. Ivanov, N. Kolev, “Optimum 
divergence of laser radiation in FSO systems” , CEMA’12, 
Conference Proceedings, pp.42-42, Athens, Greece, 2012. 

40



 
 

Design of Cross Coupled Meander Folded Hairpin 
Resonator Filters 

Marin Nedelchev1 
 

Abstract—The paper presents design, simulation and 
measurement of microstrip cross-coupled filter based on 
meander folded hairpin resonators. For the design purposes, the 
coupling coefficient of the coupled resonators of different 
topologies is investigated. Each topology is simulated in full-wave 
electromagnetic simulator and the coupling coefficient is 
extracted. Design graphs for the coupling coefficients are 
presented. Based on the simulation results, a design examples is 
carried out. The design example is 4 pole cross coupled 
Chebyshev filter presenting two symmetrical attenuation poles. 
There is very good agreement between the simulation and 
measurement results. 

Keywords—microstrip cross coupled filter, folded resonator, 
coupling coefficient 

I.  INTRODUCTION  
Mobile communication systems have constant demand on 

miniaturized microstrip filters with stringent frequency 
requirements. This demand results in continuous research for 
miniaturized microstrip filters satisfying the frequency 
requirements for passband and stopband. Generally microwave 
filters are designed according to Chebyshev and generalized 
Chebyshev approximations. They result respectively in 
cascaded coupled resonator filters or cross coupled filters.  

The first paper concerning halfwave resonator (Fig.1a) size 
reduction is introducing the hairpin resonator (Fig.1b)  [1]. 
The miniaturization of filters passes through making halfwave 
resonators in different geometrical forms-triangular, square, 
penthagonal, [2-4]. In order to achieve more flexible filter 
design, the authors of [5] proposed hexagonal structure of the 
resonator. It inherits the features of the half wavelength 
resonator-position of the spur frequency, input impedance and 
slope parameter. 

 Another approach for compact resonator size is to load the 
main transmission line with distributed capacitors [6] forming 
slow-wave resonator (Fig.1c). The fundamental paper from 
Sagawa et al.[7], proposes miniaturized hairpin filter realizing 
the capacitive loading of the main resonator line with coupled 
microstrip lines (Fig.1d). 
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 Slow-wave resonators and miniaturized hairpin resonators 
design process is rather difficult than the halfwave resonator's. 
One further step in miniaturization of the halfwave resonator is 
made in [8] (Fig.1e). Folding of the two of the arms of the 
resonators is proposed, but is not researched in depth.  

 

 
Figure 1. Types of resonators-(a) halfwave, (b) hairpin, (c) slow-wave, (d) 

miniaturized hairpin, (e) folded halfwave miniature  

In this paper is researched in depth the resonance 
performance of microstrip folded halfwave resonator 
depending on the space and length of the folded lines for FR-4 
substrate. The main coupling topologies using the folded 
microstrip resonators are described and the coupling coefficient 
is computed using full-wave electromagnetic (EM) simulator. 
Design graphs for the coupling coefficients are presented. Two 
design examples of microstrip fitlers are synthesized, simulated 
and measured. There is very good agreement between the 
theoretical and measured results. 

II. FOLDED MINIATURIZED HALFWAVE RESONATOR 
The detailed topology with the dimensions of the folded 

miniaturized resonator is shown on Fig.2.  

 
Figure 2. Topology of folded miniaturized resonator 

All the simulations, design procedures and measurements 
in the paper are performed for dielectric substrate FR-4 with 
height mmh 5.1= , relative dielectric constant 4.4=rε  and 
loss tangent 02.0=δtg .  

The folded miniaturized resonator width of the main line is 
corresponding to characteristic impedance 50Ω. For this 
dielectric substrate w=2.78mm. Fig.3 shows the dependence 
of the resonant frequency for constant length of the folded 
arms of the resonator and varying the space between them. 

41



 
 

 
Figure 3. Resonance frequency of the folded miniaturized resonator for 

constant length p and s=0.5mm (circle), 1.5mm (square), 2.5mm (cross) 

From Fig.3 is seen that the resonance frequency is almost 
linear with the increase of the arms’ length p. When the arms 
are longer, the resonance frequency decreases as it is a 
function of the wavelength. 

Fig.4 shows the dependence of the resonance frequency of 
the space between the folded arms for constant length p. 

 
Figure 4. Resonance frequency of the folded miniaturized resonator for 
constant spaces s  and p=5mm (circle), 7mm (square), 9mm (cross) 

It is seen from Fig.4 that if the space between the folded 
arms is relatively small, the resonance frequency is lower due 
to the increased capacity between the arms. This leads to the 
equivalent increasing of the length of the main resonator line 
and lowering the resonance frequency.  

III. FOLDED MINIATURIZED RESONATOR 
COUPLING TOPOLOGIES  

The coupling mechanism is based on the fringe fields of 
closely placed resonators. The nature of coupling depends on 
the resonator configuration. It is clear that half wavelength 
folded resonator is symmetrical along the middle of the main 
transmission line. The coupling coefficient for synchronously 
tuned resonators can be calculated easily by the resonance 
frequencies of even and odd mode [3], when the coupled 
resonators are overcoupled:  
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2 2
e o
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f f
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f f
−

=
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                                                         (1) 

A full wave EM simulator based on the Method of the 
Moments (MoM) is used to identify the resonance frequencies. 
Most of the coupling structures are simulated using the 
symmetry in their topology for electrical and magnetic wall 
introducing in-between. When symmetry does not present, the 
whole structure is simulated. This does not constrain in any 
way the obtained results.  

Port1

Port2

 
Figure 5. Topology of electrical coupled folded resonators 

Even and odd mode frequencies are derived simulating the 
topology shown on Fig.5. The electrical field is stronger 
around the open ends of the resonator arms. This determines 
the electrical nature of the coupling. The electrical coupling 
coefficient is computed using full wave EM simulations. It is 
with negative sign and the graphical results are shown on Fig.6. 

 
Figure 6. Coupling coefficient for electrical coupling 

The coupling topology performing magnetic nature of the 
coupling mechanism is shown on Fig.7. The magnetic field is 
predominant over the electrical field around the point of 
symmetry of the resonator.  

Port1

Port2

 
Figure 7. Topology of magnetic coupled folded resonators 

The results for the magnetic coupling coefficient are shown 
on Fig.8. 

 
Figure 8. Coupling coefficient for magnetic coupling 

The coupling scheme shown on Fig.9 is for mixed 
coupling. The coupling resonators are opposite situated in the 
plane. The currents in the coupled lines are equal in amplitude 
and in-phase. The value of the coupling coefficient is with 
positive sign. 
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Port1

Port2  
Figure 9. Topology of magnetic coupled folded resonators 

The coupling coefficient for mixed coupled resonators, 
obtained by full-wave EM simulations, is shown on Fig.10. 

 
Figure 10. Coupling coefficient for mixed coupling 

As it is seen from Fig.6, 8 and 10, the coupling coefficients 
decrease with the increase of the space between the coupled 
lines. 

In order to determine the exact tapping position of the 
input/output lines, it is necessary to derive the external quality 
factor eQ  according to the topology shown on Fig.11. 

Port2

 
Fig.11 Tap position for derivation of the external Q factor 

 The mathematical expression for it is [3]: 
0

2

e
f

Q
f π
±

=
Δ

              (2), 
Where 0f is the resonance frequency of the resonator, and 

2

f π
±

Δ   is the bandwidth at which the phase of the 11s  shifts to 

2, radπ±  with respect to the phase at the resonance 
frequency. It is extracted the external quality factor and the 
results are shown on Fig.12. 

 
Figure 12 External quality factor versus the tap position. 

IV.  DESIGN EXAMPLE 
A cross-coupled microstrip filters is synthesized, simulated 

and measured in order to prove the design procedure. The 

design procedure starts with computation of the elements of the 
coupling matrix corresponding to the filter topology. The next 
step is to define the coupling structures for realizing the 
coupling coefficients. From the presented figures (3-10), the 
resonator dimensions and the distance between the resonators 
are found. The tapping position can be found by Fig.12.  

Filter example: The center frequency of the 4-th order cross 
coupled Chebyshev filter is 0 900f MHz= , the bandwidth is 

100f MHzΔ =  with maximum return loss in the passband 
20RL dB= − . The two prescribed symmetrical transmission 

zeros are placed at 820MHz and 970MHz. 
The coupling coefficients and the external quality factor 

are: 1 0.138SM = , 12 34 0.11M M= = , 23 0.1088M = , 

41 0.04024M = − .  
The topology with the dimensions and the picture of the 

designed filter are shown on Fig.16. 
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Figure 16. Topology with dimensions (a) and photograph of 4 order cross 
coupled Chebyshev filter (b) 

The simulation results of the designed filter are shown on 
Fig.17. 
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Figure 17. Simulation results of the filter. Transmission coefficient (solid), 

reflection coefficient (dashline) 

From simulation results on Fig.17 is seen that the 
bandwidth of the filter is slightly less than the required 90MHz. 
The transmission zeros are situated exactly on prescribed 
frequencies. The minimum return loss value is -19.8dB.  

After the fabrication process the filter frequency responses 
are measured with SignalHound Spectrum Analyzer SA44B 
with tracking generator TG44A. 

The measurement results are shown on Fig.18.  
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Figure 18. Measurement results of Filter 2. Transmission coefficient 

(solid), reflection coefficient (dashline) 

From the measurement results, shown on Fig.18, is clearly 
seen the symmetrical transmission zeroes on 820MHz and 
970MHz. They are exactly on the prescribed frequencies, but 
with different value of the transmission coefficient, because of 
the frequency dependence of the electrical coupling. The 
passband width is 90MHz and the insertion loss of the filter is 
4dB. The losses are mainly due to the high dielectric loss in the 
substrate. The maximum return loss in the passband is -7dB. 
The size of the designed filter is (0.3225 ) (0.3138 )xλ λ  and is 
30% of the corresponding hairpin filter.  

V. CONCLUSION 

In this paper is researched in depth the resonance 
performance of microstrip folded halfwave resonator 
depending on the space and length of the folded lines for FR-4 
substrate. The main coupling topologies using the folded 
microstrip resonators are described and the coupling coefficient 
is computed using full-wave electromagnetic simulator. Design 

graphs for the coupling coefficients are presented. A design 
example of microstrip fitler is synthesized, simulated and 
measured. There is very good agreement between the theory 
and measured results. 
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For certain problems with DVB-T reception 
Oleg Borisov Panagiev1 

Abstract – This article presents theoretical and experimental 
results of research of main (basic) parameters (BER, MER, END 
and PR) of the received digital signals for a certain channel (ch. 
40) under the influence of adjacent (upper) PAL-K (AM-VSB) 
channel (ch. 41) at various problems. 
 

Keywords – DVB-T, MER, field strength, simulcast. 

I. INTRODUCTION 

In modern systems for terrestrial broadcasting are used 
more and more the methods for digital transmission of 
information. The transition from analogue to digital methods 
cannot be done immediately (abruptly) but it is needed some 
period of time (around 6 months), in order for that transition 
to be performed. 

This time period is famous with the name “simulcast” and 
within it are broadcasted radio and television programs, both 
in analogue and digital type. Furthermore there are other radio 
communication systems existing that work in the co-channels 
or adjacent channels, which import certain interferences and 
even sometimes lead to impossible receiving. 

In the present paper are shown (systematized) the important 
(significant) problems with reception of DVB-T, basic 
problems have been studied and some methods for their 
solving are shown. 

II. PROBLEMS WITH DVB-T RECEPTION 

There are many various and diverse problems (Table I) 
existing in the reception of DVB-T signals from stationary 
(set-top-box and TV receivers) and portable (outdoor, indoor: 
USB, Euroscart, etc.) and mobile (LTE, car) receivers. 

The specified parameters and features in the transmission of 
signals (Table I) directly correspond to the problems specific 
in a greater or lesser degree for every one of the above 
mentioned DVB-T receivers. Here are also recorded the 
problems resulting of the influence of other radio 
communication systems: WI-FI, wireless Internet [1], etc. 

In this paper are presented the results of main (basic) 
parameters (BER, MER, END, PR) of the received digital 
signals for a certain channel (ch.40) under the influence of 
adjacent (upper) PAL-K (AM-VSB) channel (ch.41) at 
various problems (Table I: № 1; 2; 3; 9; 11; 12), Fig.1. 

 
Fig.1. Spectrum of the DVB-T receiver’s input signals 

TABLE I 
PARAMETERS, FEATURES AND REASONS FOR OCCURRENCE OF 

PROBLEMS WITH DVB-T RECEIVING 

 

III. THEORETICAL POSITIONS AND QUANTITATIVE 
RATIOS 

For the proper and reliable transmission of information in 
digital DVB-T channel is needed the values of the basic 
parameters (BER, MER, C/N, END, PR) to be in the 
boundaries defined by the corresponding standard [2], [3]. 

The mathematical dependencies between them are derived 
and given below. 

A. Protection Ratio 

The influence between the channels (adjacent and co-
channel) is studied by inputting a PR (protection ratio), which 
according to [2], [4] is defined as ratio of the power of the 
received analog and digital signals in the point of reception 
(the place in which the antenna is installed), i.e.  

Protection Ratio [dB] = Wanted Signal level [dBm]  
– Unwanted Signal Level [dBm].  (1) 

In our case the desired signal is the digital one and the 
unwanted - the analogue one, so we can write the upper 
equation as: 1Oleg B. Panagiev is with the Technical University of Sofia,

Bulgaria, E-mail: olcomol@yahoo.com. 
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][][][ dBmrPdBmrPdBPR AD −= , or   (2) 

][][][ WdBrPWdBrPdBPR AD μμ −= , where (3) 

76,145][]/[][ −−= dBeAmVdBrEWdBrP DD μμ , (4) 

76,145][]/[][ −−= dBeAmVdBrEWdBrP AA μμ .  (5) 
In Eqs. (2), (3), (4) and (5): 

PrD is received power of the digital signal at Channel 40 (626 
MHz) at the receiving antenna; 

PrA is received power of the analogue signal at Channel 41 
(631.25 MHz) at the receiving antenna; 

ErD is the field strength of the digital signal at Channel 40 
(626 MHz) at the receiving antenna;; 

ErA is the field strength of the analogue signal at Channel 41 
(631.25 MHz) at the receiving antenna; 

Ae is the effective antenna aperture. 

120][60][][ +=+= dBWrxPdBmrxPWdBrxP μ ,  (6) 
 x=D or A. 

From Eq.4 and Eq.5, replacing in Eq.3, we get 

]/[]/[][ mVdBrEmVdBrEdBPR AD μμ −= , (7) 
where from [5] 

)(6]/[
l

kdBGmVdBrxЕ xU ++−+= λμ  and  (8) 

Ux - level of the analogue or digital signal at the receiver 
input, [dBµV]; 

G – antenna gain, [dB]; 

( ) ];/[,lg20 mdBdB πλλ =  λ=c/f, [m];   (9) 
kℓ<0 is transmission line loss, [dB]. 

B. Modulation error ratio (MER) 

The parameter MER encompasses all the parameters that 
can be determined by means of the constellation diagram. The 
MER is, therefore, the most important parameters to be 
monitored in a DVB-T system besides the BER. If the MER is 
within agreed tolerances, all other parameters are likewise 
within tolerances [6]. 

To determine the MER, an error vector is calculated for 
each I/Q value pair. The length of this vector indicates the 
offset of the actual position of an I/Q value pair from the ideal 
position, i.e. the center of the decision field (Fig.2). 

To determine the MER, the sum of the squares of all error 
vectors calculated during one second is formed. The same is 
done with the ideal vectors of the decision fields. Then the 
ratio of the two sums is formed. This value is logarithmized, 
which yields the MER value in dB. The logarithmic ratio can 
also be expressed in percent. 

From [2], [5], [6] and [7] are derived the next equations: 

65][ +−−−++= Σ− dBAfrrA BNFdkPREdBMER , or    (10) 

76,145/][ 21 −−−−+++= − dBBmfrearA BkGkTGPREdBMER ,  (11) 

 
Fig.2. Ideal vector and error vector used in calculating the 

MER sum parameters 

where all parameters are in logarithmic values and their 
meanings are described in [2], except 

lkGdBd dBA −−−= λ6][ ;     (12) 

)(][ ILNArx NNNdBNF ++=Σ , where    (13) 

NFrx is receiver noise figure [dB]; 
NFLNA is antenna amplifier (LNA) noise figure [dB]; 
NFI is receiver noise figure due adjacent channel 

interference [dB]. 

C. Bit Error Ratio (BER) 

The theoretical determination of BER is made through [8]: 

})]/({[ 12,1/710 10/75,6( −= MER
B erfcP      

}/)]/([{ 27,27101 10/)75,6( −−× MERerfc . (14) 

D. Equivalent Noise Degradation (END) 

The equivalent noise degradation (END) denotes the 
deviation of the actual SNR from the empirically determined 
SNR for a BER of 7.10-5. To prevent influences from the test 
equipment invalidating results, two measurements are 
required to determine the END: 

21][ MERMERdBEND −= , where    (15) 

MER=S/N, [6], [9] and frkNCNS −+= //  from [6], [8]. 

IV. MEASUREMENTS AND RESULTS 

The studies are made for different values of the field 
strength in the reception point with two types of antennas: 
directional-roof (ATK12/6-12, 21-60) with horizontal (h) and 
vertical (v) polarizations and indoor omni-directional (rod). 

On Fig.3 are presented spectrums of digital and analogue 
signals for channels 40 and 41 respectively. DVB-T receiver 
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a) horizontal (h) polarization (directional-roof antenna) 

 
b) omni-directional (rod) antenna 

 
c) vertical (v) polarization (directional-roof antenna) 

Fig.3. Spectrums of digital and analogue signals 
(ch. 40 and ch.41) 

is a USB TV tuner with separate (external) power supply. To 
improve its selectivity, between the antenna and its input a 
notch filter (nf) is connected, and for improving the sensitivity 
– antenna amplifier (LNA) with adjustable gain GLNA = 
(10÷30) dB. The input level of the receiver according to ITU-
R has been fixed by the adjustable attenuator and amplifier. 

 
Fig.4. DVB-T USB receiver (in red loop is Input Filter) 

On Fig.4 is shown the scheme of the input block, realized 
with XC 3028, as well as the elements’ installation on printed 
circuit board. 

The measurement setup scheme is shown in Fig.5 and the 
results for constellation are presented on Fig.6. The theoretical 
and experimental results for MER and BER are presented on 
Fig.7, Fig.8, Fig.9, Fig.10, Fig.11 and Fig.12, where it is seen 
that the END ≤ 0,5dB, and in application of nf MER increased 
to values above 18dB, corresponding to the requirements of 
the ITU-R [2], [3]. However, (for rod and roof antenna - h po- 
larization) BER reaches minimum values to 3,83.10-3. But for 
the roof antenna - v polarization BER = 1,09.10-8 (experi-
mentally), which guarantees the reception of ch.40, despite 
the presence of an adjacent upper analog TV channel (ch. 41). 

              
a) without notch filter                                b) with notch filter 

Fig.6. 64-QAM constellation 
 

 
Fig.5. Measurement setup 
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Fig.7. MER=func (PR) for roof antenna, (h) polarization 
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Fig.8. MER=func (PR) for rod antenna 
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Fig.9. MER=func (PR) for roof antenna, (v) polarization 

V. CONCLUSION 

From the performed tests it is shown that the application of 
nf makes it possible to improve the reception of the DVB-T 
channels subjected to the influence of the adjacent AM-VSB 
channels. Besides, to achieve higher values for MER and low 
BER it is required for nf to have a large slope, and PR>15dB. 
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Comparative Performance Studies of Laboratory WPA 
IEEE 802.11b,g Point-to-Multipoint Links 

José A. R. Pacheco de Carvalho1,  

Cláudia F. F. P. Ribeiro Pacheco2, Hugo Veiga3, António D. Reis4

Abstract –Wireless communications using microwaves are 
increasingly important, e.g. Wi-Fi. Performance is a very crucial 
issue, resulting in more reliable and efficient communications. 
Security is equally very important. Laboratory measurements 
are made about several performance aspects of Wi-Fi IEEE 
802.11 b,g WPA point-to-multipoint links. A contribution is 
given to performance evaluation of this technology under WPA 
encryption, using available equipments (DAP-1522 access points 
from D-Link and WPC600N adapters from Linksys). Detailed 
results are presented and discussed, namely at OSI levels 4 and 7, 
from TCP, UDP and FTP experiments, permitting measurements 
of TCP throughput, jitter, percentage datagram loss and FTP 
transfer rate. Comparisons are made to corresponding results 
obtained for point-to-point links. Conclusions are drawn about 
the comparative performance of the links. 

 
Keywords – WLAN, Wi-Fi, WPA Point-to-Multipoint Links, 

IEEE 802.11b, IEEE 802.11g, Wireless Network Laboratory 
Performance.  
 

I. INTRODUCTION 

Contactless communication techniques have been 
developed using mainly electromagnetic waves in several 
frequency ranges, propagating in the air. Wi-Fi and FSO, 
whose importance and utilization have been recognized and 
growing, are representative examples of wireless 
communications technologies.  

Wi-Fi is a microwave based technology providing for 
versatility, mobility and favorable prices. The importance and 
utilization of Wi-Fi has been growing as it complements 
traditional wired networks. It has been used both in ad hoc 
mode and in infrastructure mode. In this case a WLAN arises 

based on an access point, AP, which permits communications 
of Wi-Fi electronic devices with a wired based LAN through a 
switch/router. Wi-Fi has penetrated the personal home, where 
a WPAN allows personal devices to communicate. Point-to-
point and point-to-multipoint configurations are used both 
indoors and outdoors, requiring specific directional and 
omnidirectional antennas. Wi-Fi uses microwaves in the 2.4 
and 5 GHz frequency bands and IEEE 802.11a, 802.11b, 
802.11g and 802.11n standards [1]. The 2.4 GHz band is 
intensively used and is having increasing interferences. 
Therefore considerable attention has been focused on the 5 
GHz band where, however, absorption increases and ranges 
are shorter. 

Nominal transfer rates up to 11 (802.11b), 54 Mbps (802.11 
a, g) and 600 Mbps (802.11n) are specified. The medium 
access control is CSMA/CA. There are studies on wireless 
communications, wave propagation [2,3], practical 
implementations of WLANs [4], performance analysis of the 
effective transfer rate for 802.11b point-to-point links [5], 
802.11b performance in crowded indoor environments [6]. 

Performance has been a very important issue, resulting in 
more reliable and efficient communications. In comparison to 
traditional applications, new telematic applications are 
specially sensitive to performances. Requirements have been 
pointed out [7]. E.g. requirements have been quoted as: for 
video on demand/moving images, 1-10 ms jitter and 1-10 
Mbps throughput; for Hi Fi stereo audio, jitter less than 1 ms 
and 0.1-1 Mbps throughputs. 

Wi-Fi security is very important. Microwave radio signals 
can be very easily captured as they travel through the air. 
Therefore, several security methods have been developed to 
provide authentication such as, by increasing order of 
security, WEP, WPA and WPA2. WEP was initially intended 
to provide confidentiality comparable to that of a traditional 
wired network. A shared key for data encryption is involved. 
The communicating devices use the same key to encrypt and 
decrypt radio signals. The CRC32 checksum used in WEP 
does not provide a great protection. However, in spite of its 
weaknesses, WEP is still widely used in Wi-Fi 
communications for security reasons, mainly in point-to-point 
links. WPA implements the majority of the IEEE 802.11i 
standard [1]. It includes a MIC, message integrity check, 
replacing the CRC used in WEP. Either personal or enterprise 
modes can be used. In this latter case an 802.1x server is 
required. Both TKIP and AES cipher types are usable and a 
group key update time interval is specified. 

Several performance measurements have been made for 2.4 
and 5 GHz Wi-Fi open [8-9], WEP [10] and WPA [11] links, 
as well as very high speed FSO [12]. It is important to find the 
effects of network topology and WPA encryption on link 
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performance. Therefore, in the present work new Wi-Fi (IEEE 
802.11 b,g) results arise, using personal mode WPA, namely 
at OSI levels 4 and 7. Performance is evaluated in laboratory 
measurements of WPA point-to-multipoint links using new 
available equipments. Comparisons are made to 
corresponding results obtained for point-to-point links. 

The rest of the paper is structured as follows: Chapter II 
presents the experimental details i.e. the measurement setup 
and procedure. Results and discussion are presented in 
Chapter III. Conclusions are drawn in Chapter IV. 

II. EXPERIMENTAL DETAILS 

The measurements used a D-Link DAP-1522 bridge/access 
point [13], with internal PIFA *2 antenna, IEEE 802.11 
a/b/g/n, firmware version 1.31 and a 100-Base-TX/10-Base-T 
Allied Telesis AT-8000S/16 level 2 switch [14].The wireless 
mode was set to access point mode. Two PCs were used 
having a PCMCIA IEEE.802.11 a/b/g/n Linksys WPC600N 
wireless adapter with three internal antennas [15], to enable 
PTMP links to the access point. In every type of experiment, 
interference free communication channels were used (ch 8 for 
802.11b,g). This was checked through a portable computer, 
equipped with a Wi-Fi 802.11 a/b/g/n adapter, running 
NetStumbler software [16]. WPA personal encryption was 
activated in the AP and the wireless adapters of the PCs, using 
AES and a shared key with 26 ASCII characters. The 
experiments were made under far-field conditions. No power 
levels above 30 mW (15 dBm) were required, as the wireless 
equipments were close. 

A new laboratory setup has been planned and implemented 
for the PTMP measurements, as shown in Fig. 1. At OSI level 
4, measurements were made for TCP connections and UDP 
communications using Iperf software [17]. For a TCP 
connection, TCP throughput was obtained. For a UDP 
communication with a given bandwidth parameter, UDP jitter 
and percentage loss of datagrams were measured. 
Parameterizations of TCP packets, UDP datagrams and 
window size were as in [10]. One PC, with IP 192.168.0.2 
was the Iperf server and the other, with IP 192.168.0.6, was 
the Iperf client. Jitter, meaning the smooth mean of 
differences between consecutive transit times, was 
continuously computed by the server, as specified by the real 
time protocol RTP, in RFC 1889 [18]. Another PC, with IP 
192.168.0.20, was used to control the settings in the AP. The 
scheme of Fig. 1 was also used for FTP measurements, where 
FTP server and client applications were installed in the PCs.  

The server and client PCs were HP nx9030 and nx9010 
portable computers, respectively, running Windows XP. They 
were configured to optimize the resources allocated to the 
present work. Batch command files have been written to 
enable the TCP, UDP and FTP tests. 

The results were obtained in batch mode and written as data 
files to the client PC disk. Each PC had a second network 
adapter, to permit remote control from the official IP 
University network, via switch. 

 

III. RESULTS AND DISCUSSION 

The access point and the wireless network adapter of the 
PCs were manually configured, for each standard IEEE 
802.11 b, g, with typical fixed transfer rates (1, 2, 5, 11 Mbps 
for 802.11b; 6, 9, 12, 18, 24, 36, 48, 54 Mbps for 802.11g). 
For every fixed transfer rate, data were obtained for 
comparison of the laboratory performance of the WPA PTMP 
and PTP links at OSI layers 1 (physical layer), 4 (transport 
layer) and 7 (application layer) using the setup of Fig. 1. For 
each standard and every nominal fixed transfer rate, an 
average TCP throughput was determined from several 
experiments. This value was used as the bandwidth parameter 
for every corresponding UDP test, giving average jitter and 
average percentage datagram loss.  

At OSI level 1, signal to noise ratios (SNR, in dB) and 
noise levels (N, in dBm) were monitored and typical values 
are shown in Fig. 2.  

The main average TCP and UDP results are summarized in 
Table I, both for WPA PTMP and PTP links. In Figs. 3 and 4 
polynomial fits were made to the 802.11b, g TCP throughput 
data for PTMP and PTP links, respectively, where R2 is the 
coefficient of determination. It was found that, on average, the 
best TCP throughputs are for 802.11 g and PTP links. In Figs. 
5-7, the data points representing jitter and percentage 
datagram loss were joined by smoothed lines. Concerning 
jitter it was found that, on average, the best jitter 
performances are for 802.11 g and PTP links. For percentage 
datagram loss no significant sensitivities were found on 
average, for both standards, to link type.  

At OSI level 7 we measured FTP transfer rates versus 
nominal transfer rates configured in the access point and the 
wireless network adapters of the PCs for IEEE 802.11 b, g as 
in [10]. The results for WPA PTMP and PTP links show the 
same trends found for TCP throughput. 

In comparison to PTP links, TCP throughput and jitter were 
found to show performance degradations for PTMP links. 

 

 
Fig. 1- Laboratory setup scheme. 
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Fig. 2- Typical SNR (dB) and N (dBm). 

 
TABLE I 

AVERAGE WI-FI (IEEE 802.11 B,G) WPA RESULTS;  
PTMP AND PTP.  

Link 
type PTMP PTP 

Parameter/ 
IEEE 
standard 

802.11b 802.11g 802.11b 802.11g 

TCP 
throughput 
(Mbps) 

1.1 
+-0.0 

6.3 
+-0.2 

2.9 
+-0.1 

13.4 
+-0.4 

UDP-jitter 
(ms) 

6.0 
+-0.9 

3.5 
+-0.5 

5.5 
+-0.2 

2.3 
+-0.1 

UDP-% 
datagram 
loss 

1.2 
+-0.2 

1.7 
+-0.1 

1.2 
+-0.2 

1.8 
+-0.2 

 

 
Fig. 3- TCP throughput versus technology and nominal transfer rate; 

PTMP. 

 
Fig. 4- TCP throughput versus technology and nominal transfer rate; 

PTP [11]. 

 
Fig. 5- UDP - jitter results versus technology and nominal transfer 

rate; PTMP. 

 
Fig. 6- UDP - jitter results versus technology and nominal transfer 

rate; PTP [11]. 
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Fig. 7- UDP – percentage datagram loss versus technology and 

nominal transfer rate; PTMP. 

IV. CONCLUSION 

A new laboratory setup arrangement has been planned and 
implemented, that permitted systematic performance 
measurements of new available wireless equipments (DAP-
1522 access points from D-Link and WPC600N adapters from 
Linksys) for Wi-Fi (IEEE 802.11 b,g) in WPA point-to-
multipoint links.  

Through OSI layer 4, TCP throughput, jitter and percentage 
datagram loss were measured and compared for each standard 
and WPA PTMP and PTP links. It was found that, on average, 
the best TCP throughputs are for 802.11 g and PTP links. On 
average, the best jitter performances were found for 802.11 g 
and PTP links. For percentage datagram loss, no significant 
sensitivities were found, within the experimental errors, to 
link type.  

In comparison to PTP links, TCP throughput and jitter were 
found to show performance degradations for PTMP links, 
where the access point has to maintain links between PCs. 

At OSI layer 7, FTP performance results have shown the 
same trends found for TCP throughput. 

Future performance studies are planned using several 
equipments, topologies and security settings, not only in 
laboratory but also in outdoor environments involving, 
mainly, medium range links. 
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Two-way Doherty amplifier – asymmetry analysis and 
linearization  

Aleksandar Atanasković1, Kurt Blau2, Nataša Maleš-Ilić3, Aleksandra Đorić4

Abstract: The linearization effects on asymmetrical two-way 
Doherty amplifiers are presented in this paper. The linearization 
approach uses the second harmonics and fourth-order nonlinear 
signals of the fundamental signals, which are extracted at the 
output of the peaking cell, adjusted in amplitude and phase and 
injected at the input and output of the carrier cell of the Doherty 
amplifier. An asymmetrical Doherty amplifier with the 
additional circuit for linearization has been realized and 
measurements of the linearization influence on the third-order 
intermodulation products have been carried out. 

 
Keywords: Doherty amplifier, linearization, second harmonics 

and fourth-order nonlinear signals, intermodulation products 

I.  INTRODUCTION 

Future transmitter design in wireless systems (CDMA2000, 
W-CDMA, OFDM etc.) needs to support various modulation 
formats, a diversity of signal bandwidth and frequency ranges. 
Combining with the requirements for good linearity and high 
power efficiency in modern communication standards 
characterized with high data rate and spectral efficiency, the 
linearization techniques for nonlinear microwave power 
amplifiers have gained significant interest. The Doherty 
amplifier has proven to be one of the most attractive among 
various techniques for efficiency enhancement. The results of 
nonlinear distortions suppression in efficient mode Doherty 
amplifier by applying different linearization methods have 
been reported: post-distortion-compensation [1], the 
feedforward linearization technique [2], the predistortion 
linearization technique [3] and combination of those two 
linearization techniques [4].  
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The linearization effects of the fundamental signals’ second 
harmonics (IM2) and fourth-order nonlinear signals (IM4) at 
frequencies that are close to the second harmonics to the 
standard (two-way, three-way and three-stage) Doherty 
amplifiers were investigated in [5] and [6] through the 
simulation process. We applied the approach where IM2 and 
IM4 signals are injected together with the fundamental signals 
into the carrier amplifier input and put at its output [7]. 

Additionally, the influence of IM2 and IM4 signals on 
Doherty amplifier linearity was verified experimentally on 
standard symmetrical two-way Doherty amplifier [8], [9]. 

In this paper, the linearity of two-way Doherty amplifier 
was analyzed for different signal asymmetry in the carrier and 
peaking cells. The influence of the second harmonics and 
fourth-order nonlinear signals which are generated at the 
output of the peaking cell on the linearization of the third-
order intermodulation products has been considered. The 
signals for linearization are tuned in amplitude and phase 
through the linearization branches and run at the carrier 
amplifier input and output over the frequency diplexers. 
Additionally, this paper presents an experimental verification 
of the linearization effects on a realized asymmetrical two-
way Doherty amplifier with the additional circuit for 
linearization. 

II. LINEARIZATION TECHNIQUE 

Theoretical analysis of the linearization approach that uses 
the second harmonics and fourth-order nonlinear signals (IM2 
and IM4) for linearization has been given in [5], and [7]. 
According to this, it is possible to reduce spectral re-growth 
caused by the third-order distortion of fundamental signal by 
choosing the appropriate amplitude and phase of IM2 and IM4 
signals injected at the input and output of the amplifier. 

The IM2 and IM4 signals generated at the output of the 
peaking amplifier are extracted through the frequency diplexer 
circuit in the configuration depicted in [5]. It separates the 
fundamental signals and signals for linearization (IM2 and 
IM4 signals) that are optimally matched to the impedance for 
their adequate power level. The IM2 and IM4 signals are 
tuned in amplitude and phase by the amplifier and phase 
shifter over two independent linearization paths. They are 
inserted at the carrier amplifier input and output over the 
frequency diplexers designed with the independent matching 
circuits for the fundamental and signals for linearization. This 
configuration provides the linearization of Doherty amplifier 
by the simultaneous injection of IM2 and IM4 signals at the 
input and output of the carrier amplifier. 

III. DESIGN AND SIMULATION  

Agilent Advanced Design System-ADS software has been 
used for the design of a two-way Doherty amplifier. Its 
schematic diagram is shown in Fig. 1. An attenuator placed in 
front of the carrier cell in the Doherty amplifier makes 
differences between the symmetrical (without attenuator) and 
asymmetrical (with attenuator) Doherty amplifier. 
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Fig. 1. Schematic diagram of two-way asymmetrical Doherty 

amplifier with additional circuit for linearization 

A two-way Doherty amplifier was designed in the standard 
configuration [1], [2], [4], [5]. The input and output matching 
circuits of amplifying cells transform the input impedance of 
the device to 50Ω and the optimum load impedance OPTZ  to 
50Ω, [10]. The output combining network is also in a standard 
configuration consisting of a quarter-wave impedance 
transformer with the characteristic impedance 50oR = Ω  and 
a quarter-wave transmission line with the characteristic 
impedance t oR = R 2  [11]. The phase difference of 90° is 
required at the inputs of the carrier and peaking amplifier to 
compensate for the phase discrepancy caused by the quarter-
wave impedance transformer at the outputs of those two 
amplifiers. 

In a low-power region the impedance seen at the output of 
the peaking transistor is transformed to an open by the output 
matching circuit and the proper offset line [10]. In order to 
compensate for the phase distortion in the Doherty amplifier 
an appropriated offset line is adjusted at the output of the 
carrier amplifier. The diplexer at the input and output of the 
carrier cell and the output of the peaking cell filters the 
fundamental signals and signals for linearization at the 
frequencies around the second harmonics.  

In order to produce more power from both cells of Doherty 
amplifier and more linear operation according to the analysis 
of uneven power drive [11], we have examined the linearity of 
the asymmetrical two-way Doherty amplifier. The test for 
two-tones at frequencies at 899MHz and 900MHz has been 
carried out. We considered the third-order intermodulation 
products in terms of the fundamental signal output power for 
the following cases: no attenuation in the carrier amplifier 
cell, and with an attenuation of 1dB, 2dB, 3dB and 4dB. Fig. 2 
includes averaging power of IM3 products at 898MHz (IM3-) 
and 901MHz (IM3+) for the denoted attenuations. In higher 
power range, IM3 products exhibit a falling power if the 
carrier amplifier is driven with attenuated signals in reference 
to the peaking cell. It should be pointed out that the amplifier 
drain efficiency obtained in simulation is retained almost 
equal in all analyzed cases. 

The asymmetrical amplifier with 2dB attenuation is 
considered as the most appropriate for power levels greater 
than 16dBm due to significantly lower power of IM3 than in 
cases of 0dB and 1dB attenuation. Additionally, IM3 products 
of the Doherty with 2dB asymmetry are below IM3 products 
in cases of 3dB and 4dB attenuation for output power around 

16dBm. For higher power levels, IM3 products are almost 
equal for the considered cases. 

 
Fig. 2 Simulated third-order intermodulation products before 

linearization of symmetrical (attenuation: 0 dB ) and asymmetrical 
(attenuation: 1dB, 2dB, 3dB and 4dB) two-way Doherty amplifier in 

a power range  

 
Fig. 3 Simulated third-order intermodulation products before and 

after linearization of symmetrical (0dB attenuation) and 
asymmetrical (2dB attenuation) two-way Doherty amplifier in a 

power range 
 

The effects of the applied linearization method on the 
asymmetrical two-way Doherty amplifier (2dB attenuation) 
have been observed through the simulation process by using 
two-tone test at the frequencies 899MHz and 900MHz. Third-
order intermodulation products (IM3- and IM3+) before and 
after linearization are presented in Fig. 3 for 10dBm to 20dBm 
output power. These results are compared to the symmetrical 
Doherty amplifier. Before linearization, the IM3 products of 
asymmetrical Doherty are larger than products for 
symmetrical amplifier in power levels lower than 15dBm, 
while they descent below symmetrical amplifier IM3 products 
in higher power range. Also, it is noticeable that proposed 
linearization method achieves about 15dB improvement of 
IM3 products in case of asymmetrical amplifier, which 
provides a better linearity in almost entire power range than 
the symmetrical amplifier can accomplish. 
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IV. REALIZATION OF AMPLIFIER AND 
LINEARIZATION CIRCUITS 

The resistive Pi attenuator is placed in front of the carrier 
cell of the Doherty amplifier to achieve asymmetry in 
amplifier design. The peaking cell is driven by a signal with 
2dB more power regarding of the carrier amplifier according 
to the analysis performed in this paper. The attenuator was 
projected as a matched device which requires exact values of 
11.61Ω for a serial resistor and 436.21Ω for shunt resistors. 
The resistors from the standard E24 resistor series are around 
the desired ones, 12Ω for the serial resistor and 430Ω for the 
shunt resistors, were used to realize the attenuator that is 
characterized by VSWR=1.003 and attenuation of 2.06dB. 

 
Fig. 4 Realized asymmetrical two-way Doherty amplifier 

The carrier and peaking cells in the asymmetrical Doherty 
amplifier (Fig. 4.) were designed by using AP602A-2 GaAs 
MESFET. The matching impedances for source and load at 
0.9GHz for the carrier cell are (17.5 90.1)SZ j= + Ω  and 

(53.1 28.8)LZ j= + Ω , respectively, whereas for the peaking 
cell (101.4 175.8)SZ j= + Ω  and (72.8 122.7)LZ j= + Ω . The 
matching impedances for the second harmonics at 1.8GHz for 
source and load are (15.0 44.8)SZ j= + Ω  and 

(48.1 30.2)LZ j= + Ω , respectively. All these impedances 
were obtained by using load-pull and source-pull analysis in 
ADS.  

The carrier amplifier is biased in class-AB configuration 
( 5VDV = , 3.2VGV = − ), and the peaking amplifier operates in 
class-C regime ( 5VDV = , 5.8VGV = − ). 

The linearization circuit (Fig. 5.) comprises M/A-COM 
Quad PIN diode variable attenuator MA4P7455-1225, Mini-
Circuits 180° voltage variable phase shifters JSPHS-23+, as 
well as an inserted semi rigid cable with appropriate length to 
enable phase shift more than 180°. Additionally, the 

linearization circuit includes a cascaded amplifying chain 
consisting of a high linear ERA-5SM+ Mini Circuit amplifier 
and amplifier with AP602A-2 GaAs MESFET designed for 
application at second harmonic frequencies. The linearization 
circuit adjusts IM2 and IM4 signals in amplitude and phase 
before they are fed at the carrier amplifier input and output 
over the frequency diplexers. The linearization branch can 
vary power of the signals for linearization from -12dB to 
18dB in reference to the generation point at the peaking 
amplifier output. 

 
Fig. 5. Realized linearization circuit 

 
Fig. 6. Realized circuit for DC bias 

The asymmetrical Doherty amplifier was fabricated on 
Rogers 3010 substrate with 1.6mm thickness and 17μm 
metallization layer. With the intention of reducing the 
required number of laboratory DC power supplies, the 
separate integrated circuit, which includes ten independent 
DC bias outputs (Fig. 6), was realized by using standard 
voltage regulators. Five DC outputs are positive adjustable 
(from 0V to 15V), three are negative adjustable (from -1.2V 
to -8V) and two are fixed DC voltages (+12V and +5V). The 
required inputs are +20VDC and -10VDC. 

 

Measured Results 

Measured output spectrum of the asymmetrical Doherty 
amplifier before and after applying linearization for two 
sinusoidal signals at the frequencies 900MHz and 901MHz 
are compared in Fig. 7. Fundamental signal output power is 
about 11.6dBm before and 10.9dBm after linearization. Third-
order intermodulation products at the frequencies 899MHz 
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and 902MHz are lessened by linearization from -3.75dBm to  
-14.6dBm. 

 
Fig. 7. Measured output spectrum for 3dBm input power of 

fundamental signals before and after linearization  
 

Even though the intermodulation products of higher order 
included into the output spectrum were not considered in this 
paper, it should be observed that they are also suppressed. The 
analysis of the proposed linearization technique influence on 
fifth-order intermodulation products of the asymmetrical 
Doherty amplifier will be a subject of further research. 

V. CONCLUSION 

This paper presents the verification of the linearization of 
the asymmetrical two-way Doherty amplifier by the 
simultaneous injection of the second harmonics and fourth-
order nonlinear signals (IM2 and IM4) at the input and output 
of the carrier amplifier. The analysis of linearization effects of 
an asymmetrical Doherty amplifier has been carried out 
through the simulation for different attenuation in carrier 
amplifier cell and compared with the symmetrical Doherty 
amplifier. Additionally, the linearization results for the 
asymmetrical Doherty amplifier have been confirmed 
experimentally. The linearization approach provides a 
significant downtrend of the third-order intermodulation 
products, even for a wider power range. Moreover, the 
achieved results are better than in case of symmetrical 
amplifier, especially for a higher power. Additionally, it 
should be pointed out that the approach used for the Doherty 
amplifier linearization utilizes the peaking amplifier as a 
source of the signals for linearization. This possibility of 
Doherty amplifier topology represents an advantage in the 
linearization process due to simplified circuit complexity and 
reduced total energy consumption. 

Acknowledgement: This work was supported by the Ministry of 
Education, Science and Technological development of Republic of 
Serbia, the project number TR-32052.  

 

VI. REFERENCES 

[1] K. J. Chao, W. J. Kim, J. H. Kim and S. P. Stapleton, “Linearity 
optimization of a high power Doherty amplifier based on post-
distortion compensation”, IEEE Microwave and Wireless 
Components Letters, vol.15, no.11, pp.748-750, 2005. 

[2] K. J. Cho, J. H. Kim and S. P. Stapleton, “A highly efficient 
Doherty feedforward linear power amplifier for W-CDMA 
base-station applications”, IEEE Trans., Microwave Theory 
Tech., vol. 53, no. 1, pp.292-300, 2005. 

[3] B. Shin, J. Cha, J. Kim, Y. Y. Woo, J. Yi, B. Kim , “Linear 
power amplifier based on 3-way Doherty amplifier with 
predistorter”, IEEE MTT-S Int. Microw. Symp. Digest, pp.2027-
2030, 2004. 

[4] T. Ogawa, T, Iwasaki, H. Maruyama, K. Horiguchy, M. 
Nakayama, Y. Ikeda and H. Kurebayashi, “High efficiency 
feed-forward amplifier using RF predistortion linearizer and the 
modified Doherty amplifier”, IEEE MTT-S Int. Microw. Symp. 
Digest, pp.537-540, 2004. 

[5] A. Atanasković, N. Maleš-Ilić, B. Milovanović, “The 
linearization of Doherty amplifier”, Microwave review, No.1, 
Vol. 14, pp.25-34, September 2008.  

[6] Aleksandar Atanasković, Nataša Maleš-Ilić, Bratislav 
Milovanović: “The linearization of high-efficiency three-way 
Doherty amplifier”, TELFOR2008, Conference Proceedings on 
CD, 3.17, Beograd, Srbija, 25-27. Novembar, 2008. 

[7] A. Atanasković, N. Maleš-Ilić, B. Milovanović, “The 
suppression of intermodulation products in multichannel 
amplifiers close to saturation”, Proceedings of 11th WSEAS 
International Conference on Circuits, pp. 198-201, Greece, July 
2007. 

[8] A. Atanasković, N. Maleš-Ilić: “Poboljšanje linearnosti two-
way doherty pojačavača korišćenjem nelinearnih produkata 
drugog i četvrtog reda“, Elektronski zbornik radova 55 
konferencije ETRAN 2011 na CD-u, MT3.1, Banja Vručica 
(Teslić), Bosnia and Herzegovina (in Serbian) 

[9] A. Atanasković, N. Maleš-Ilić, B. Milovanović: "Linearization 
of two-way Doherty amplifier", EuMIC 2011-The 6th European 
Microwave Integrated Circuits Conference, European 
Microwave Week 2011 Conference Proceedings on CD, 
Manchester, UK, October 10-11, EuMA 2011, pp.304-307, 
2011. 

[10] Y.Yang, J. Cha, B. Shin, and B. Kim, “A Fully Matched N-way 
Doherty Amplifier with Optimized Linearity”, IEEE Trans., 
Microwave Theory Tech., vol.51, no. 3, pp. 986-993, 2003. 

[11] J. Kim, J. Cha, I. Kim, and B. Kim, “Optimum operation of 
asymmetrical-cells-based linear Doherty power amplifiers-
uneven power drive and power matching“, IEEE Trans., 
Microwave Theory Tech., vol. 53, no. 5, pp. 1802-1809, 2005. 

56



 
 

Abstract - Intelligent sensors and their networks are 
increasingly gaining in importance. Special significance sensor 
networks have received in terms of wireless communication, 
which further expanded the scope of their application. 
Monitoring of environmental parameters is an area where 
intelligent sensors and their first of all wireless networks are 
increasingly coming to the fore. This paper presents the concept 
development and design of sensor devices intended for 
monitoring environmental parameters. It also includes a review 
of experience in the practical use of such systems. 

Keywords - Environment, intelligent sensors, wireless sensor 
networks, Internet 

I. INTRODUCTION 

The development of semiconductor technology enabled an 
application of computer systems it wide range of human daily 
life activities. Significant advances in the application of 
modern electronic components made in integration of 
computing and communications capabilities within the same 
devices and systems. Intelligent wireless sensors and their 
networks are an example of the symbiosis of Computer 
Science and Telecommunications [1]. 

Intelligent sensors and their wireless networks have found 
wide application in various fields of human activities, and 
everyday life. Computer, communication and physical 
characteristics of intelligent sensors maximally reduced 
restrictions on their use. The most important problems in 
intelligent sensors are, if necessary; work in remote locations, 
which require a high degree of autonomy, particularly in 
terms of power. Such requirements imply different approaches 
in terms of reducing energy consumption during operation of 
intelligent sensors. Two basic approaches are based on the 
reduction of the intensity of operations and level of 
communication between nodes within a sensor network.  

An interesting application of intelligent sensors and their 
networks is monitoring environmental parameters. Potentially 
large number of physical parameters to be monitored, the 
design of hardware - software and communication features, a 
sensor node represents a serious problem [2]. In this paper, the 
elements of the research conducted in this area and the project 
of one sensor node intended for monitoring environmental 
parameters. This paper presents elements of research projects 
and projects a sensor system used for monitoring 
environmental parameters.  
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II. CONCEPTS OF SYSTEMS 

Monitoring of the parameters the environment could be an 
ongoing process, and the process initiated by the existence of 
significant differences in the values of the parameters in 
relation to the maximum permissible values. In general, the 
development of devices for monitoring environmental 
parameters can affect two main factors: 
− The number of parameters to be monitored; 
− Place in which to monitor the parameters. 
Monitoring parameters can be based on different 

approaches. In the case of the realization process of constant 
monitoring of environmental parameters in a certain area, it 
shows that the system is best based on a network of intelligent 
sensors (Fig. 1). Depending on the type of parameters to be 
monitored, which is defined on the basis of an assessment of 
the existence of possible sources of pollution, the sensor 
nodes are connected to appropriate sensors that register the 
value of the corresponding parameter.  

 
Fig. 1. Intelligent senzor network 

Communication between sensor nodes depends on the area 
in which tracking is performed and intensity of 
communication between different nodes and the central 
computer on which monitor the state of the environment. For 
smaller distances and lower levels of intensity of 
communication as an acceptable solution can be used for 
communication standard IEEE 802.15.4 [3]. This type of 
communication can be convenient in terms of monitoring the 
environment in remote locations where power is a problem in 
the network. The most common implementation of the IEEE 
802.15.4 is called ZigBee networks, which has significant 
advantages over alternative networks such as WiFi and 
Bluetooth. The most important advantages are: 
− The maximum number of nodes in the network; 
− The maximum distance between two nodes; 
− Length of continuous operation in the event of battery 

power. 

Environmental wireless sensor node 
Vladimir Smiljaković1, Siniša Ranđić2, Uroš Pešović3 
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Lack of ZigBee networks to compare these alternative 
networks is relatively low data transmission speed. Depending 
on the distance from the central computer where it monitors 
environmental parameters data transfer can be done using the 
ZigBee network gateway (Fig. 2.). 

 
Fig. 2. Data distribution using ZigBee network gateway 

However, in the case of large distances this approach can be 
no rational and required alternative solutions. For example, by 
GPRS can be connect such a monitoring system to the 
Internet. Thus ensuring high availability of data collected to 
users. In this case it is necessary in an environment ZigBee 
sensor network to realize the appropriate ZigBee - GPRS 
network gateway (Fig. 3.). 

 
Fig. 3. Using ZigBee - GPRS network gateway 

Communication in wireless sensor networks is a major 
factor of energy consumption. This means that the autonomy 
of such systems can be increased by reducing the intensity of 
communication within the network, or communication with 
the central computer. Monitoring of environmental parameters 
enables the monitoring process takes place under conditions 
of relatively low-level communication. In the research mode, 
when you need to monitor the changes of parameters in the 
exploitation conditions monitoring can be carried out in alarm 
mode. In this case the intelligent sensor, which is the heart of 
a sensor node, is performed comparison of accepted values of 
the parameters with the maximum permitted. Communication 
is only activated when there is a risk of exceeding the 
permitted level for the parameter. 

A special case of monitoring environmental parameters can 
be ad hoc monitoring of appropriate values of physical 
quantities. This requires mobile sensor devices, whose use in a 
particular area can determine the state of the environment over 
time. The collected values of environmental parameters can be 
stored in the memory of the device or by using any of the 
communication systems transmit data to the central computer 
for further processing and memory. The concept of such a 
mobile system is shown in Fig. 4. 

When considering the possibility of realization of sensor 
nodes attention should be given to the selection of a set of 
environmental parameters to be monitored. In addition to the 
choice of parameters according to their importance for the 
quality of the environment is very important criterion is the 
availability and characteristics of the corresponding sensors. 
In this primarily refers to the sensors on its output information 
about the physical size of the watch give in analog or digital 
form. It is very important from the point of view of design 
input - output subsystem of a sensor node. 

 
Fig. 4. Mobile system for monitoring environmental parameters 

Finally, there remains the question of implementation of the 
of a sensor node. With the development of semiconductor 
technology designers are able to share their high-integration 
solution based on the electronic circuit. The starting solutions 
are mainly based on the application of microcontrollers. 
However, more and more came to the forefront of the 
development of sensor nodes based on programmable circuits, 
most FPGA type. In these solutions are based on computer IP 
core around which the addition of the appropriate input - 
output and memory blocks to build a system that needs to 
meet the requirements of specific applications. 

The study, based on which the work was created, it had a 
comprehensive approach to examine the possible, especially 
hardware solutions in the monitoring of environmental 
parameters. The next section will show some of the solutions 
that have been adopted as the basis for the implementation of 
a system for monitoring environmental parameters. 

III. REALIZATION OF SYSTEMS 

In the implementation of a system for monitoring 
environmental parameters, it was assumed that the monitoring 
should be carried out under the following conditions: 
− Stationary monitoring using wireless sensor networks 

using GPRS mobile service provider to connect to the 
Internet; 

− Using mobile sensor devices connected to the Internet 
via GPRS mobile service.  

During the research was considered and an option to inform 
users about the environmental parameters using the GSM 
mobile service. In addition, a special segment of the 
investigation is to consider the possibility of the realization of 
sensor nodes using an FPGA circuits.  

Because possible scenarios for tracking environmental 
parameters are:  
− Using a stationary monitoring system based on a 

network of wireless intelligent sensors; 
− Using mobile devices for monitoring;  

approached the consideration of the possible ways of practical 
implementation of the system elements. Given the preliminary 
analysis, it is assumed that the sensor node is based on 
microcontroller, which has low power consumption. As a 
communication, protocol was adopted ZigBee implementation 
of the IEEE 802.15.4 standard. The importance of 
environmental parameters for a man requires connectivity to 
the Internet for distribution to end users. 
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The aim of this study was to verify the possibility of 
implementing of a sensor node, which could later be 
implemented as an integrated circuit, primarily using FPGA 
technology. Having available a platform company Microsemi 
FPGA, SmartFusion [4], which is as an IP core can use CPU 
ARM Cortex-M3, has been adopted as the computational 
basis for the implementation of a sensor node uses 
microcontroller based on the same processor [5]. 

The sensor node is implemented according to the block 
diagram shown in Fig. 5. To check the functionality of the 
node are used development system Olimex LPC - P1343 [5] 
and transceiver module Microchip MRF24J40MA [6].  

 
Fig. 5. Block diagram of sensor node 

From standard interface, which has LPC-1343 
microcontroller, implemented in sensor nodes are important: 
− SSP (Synchronous Serial Port) - to connect to the 

transceiver; 
− I2C - to connect to sensors with digital output; 
− 8 analog inputs - that is multiplexed to the input 10 - 

bit A / D converter for connecting sensors with analog 
outputs. 

Part of the wiring diagrams for connecting the 
microcontroller, transceiver and the sensor is shown in Fig. 6. 
For checking the functionality of a sensor node has been used 
temperature and humidity sensor SHT11.  

 
Fig. 6. Electrical schematic of a sensor node 

Due to the demands of the environmental parameters 
published on the Internet, it was necessary to realize the 
network gateway between ZigBee network and Internet. This 
device was developed and implemented using GSM/GPRS 
module Telit GM862GPS [6], [7]. Block diagram of the 
network gateway is shown in Fig. 7.  

 
Fig. 7. Block diagram of Zigbee - GPRS network gateway 

In the implementation of network gateway as ZigBee 
transceiver module was also used MRF24J40MA. The need 
for network gateway to the Internet was used for functionally 
upgrading device and used as a mobile device for monitoring 
environmental parameters. Therefore, an in device embedded 

microcontroller for connection with sensors and ZigBee 
transceiver, as shown in Fig. 8. 

 
Fig. 8. Block diagram of the mobile node for monitoring 

environmental parameters 

By monitoring parameters, based on stationary wireless 
intelligent sensor and using, a mobile of a sensor node is 
practically verified and obtained very good results. Further 
research attention has been given to the further development 
of software support at the level of intelligent sensors and a 
web server across which it has Internet distribution of the 
information collected. In addition, the study also aimed to the 
realization of a sensor node based FPGA circuits using ARM 
Cortex-M3 processor core.  

IV. CONCLUSION 

Implemented system components for monitoring 
environmental parameters - wireless of a sensor node and 
ZigBee - GPRS network gateway have shown that this task 
can be successfully addressed with the provision of reliable 
and high autonomous operation. Utilizing wireless sensor 
networks based on intelligent sensors showed great breadth of 
application, which significantly exceeds the area to which the 
system is initially developed. The way to apply the system for 
monitoring environmental parameters in alarm mode 
significantly reduced the volume of communication sensor 
nodes with the environment, which improves the conditions 
for achieving a high degree of autonomy in their work. Work 
in alarm mode also does not require too much processing at 
the sensor processor that also enhances the autonomy of 
individual sensors. The autonomy of the sensor can be 
provided using additional power from alternative sources as 
solar cells. Possibility to connect sensors with digital and 
analog outputs provides the conditions to be monitored a wide 
range of parameters.  
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Effectiveness of Reed-Solomon and Convolutional Codes 
used in Digital Video Broadcasting 
Lidia Jordanova1, Lyubomir Laskov2 and Dobri Dobrev3 

 
Abstract – This article presents the results of a study on the 

noise immunity of radio channels formed by QPSK, 8PSK, 
16QAM, 32QAM and 64QAM, while using Reed-Solomon and 
convolutional codes. We have derived the dependency of the 
error probability at the decoder output on the code parameters 
and the error probability in the communication channel. We 
have analyzed the possibilities of increasing the radio channel 
noise immunity when using concatenated coding with Reed-
Solomon and convolutional code. 
 

Keywords – RS codes, convolutional codes, concatenated codes, 
BER, Eb /N0 . 

I. INTRODUCTION 

In the contemporary digital video broadcasting (DVB) 
systems it is necessary to provide Quasi-Error-Free (QEF) 
reception while the values of the parameter Eb /N0 are 
relatively low and the encoding and decoding equipment is 
not very complex. Quasi-Error-Free means less than one 
uncorrected error event per hour, corresponding to 
BER = 10−10 to 10−11 at the input of the MPEG-2/4 
demultiplexer. 

Satellite and terrestrial DVB systems are particularly 
affected by power limitations, therefore, ruggedness against 
noise and interference, shall be the main design objective, 
rather than spectrum efficiency. To achieve high power 
efficiency without excessively penalizing the spectrum 
efficiency, the System shall use noise resistant types of 
modulation and effective channel codes. Very good results are 
achieved when Reed-Solomon and convolutional codes are 
combined. The convolutional code must be able to be 
configured flexibly, allowing the optimization of the system 
performance for a given satellite or terrestrial channel. 

To achieve the appropriate level of error protection required 
for cable transmission of digital data, a FEC based on Reed-
Solomon encoding shall be used. In contrast to the satellite 
and terrestrial DVB systems no convolutional coding shall be 
applied to cable transmission.  

The aim of this paper is to study the impact of the 
parameters of Reed-Solomon, convolutional and concatenated 
codes on the noise immunity of radio channels formed by 
PSK and QAM methods.  

II. ERROR PROBABILITY AFTER RS DECODING 

The Reed-Solomon code belongs to the group of block 
codes, which demand a preliminary splitting of the 
information symbols into packets of a K symbols length. Each 
symbol contains n number of bits, where n can be every 
positive number with a value higher than 2. If N denotes the 
total number of the encoded symbols in a packet and T 
denotes the number of repairable symbol errors, the RS code 
can be represented basically as follows: RS(N, K, T). In the 
most commonly used RS codes N = 2n − 1, K = 2n − 1 − 2T, 
and 2T = N − K is the number of the error protection symbols, 
or checksum. 

The symbol error probability after RS decoding Ps is related 
to the symbol error probability in the communication channel 
ps by the following dependency [1] : 

T 1

1 (1 )
N

i N i
s s s

i

N
P i p p

iN
−

= +

⎛ ⎞
⎜ ⎟
⎝ ⎠

= ⋅ ⋅ ⋅ −∑                         (1) 

The parameter ps depends on the energy-per-bit to noise 
power density radio and the type of modulation. In order to 
define its values, we can use the following dependencies [6]: 
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• when transmitting M-QAM signals 
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when m is an odd number. 
The values of the complementary function of the error are 

calculated by the formula 
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( ) experfc x x

x π
−≈ ⋅ .           (5) 

1Lidia Jordanova is with the Faculty of Telecommunications at
Technical University of Sofia, 8 Kl. Ohridski Blvd, Sofia 1000,
Bulgaria, E-mail: jordanova@tu-sofia.bg   

2Lyubomir Laskov is with the Faculty of Telecommunications at
Technical University of Sofia, 8 Kl. Ohridski Blvd, Sofia 1000,
Bulgaria, E-mail: laskov@mail.com 

3Dobri Dobrev is with the Faculty of Telecommunications at
Technical University of Sofia, 8 Kl. Ohridski Blvd, Sofia 1000,
Bulgaria, E-mail: dobrev@tu-sofia.bg 

61



 
 

In order to evaluate the quality of the received digital 
information, we usually use the parameter bit error 
probability, respectively BER. The relation between bit error 
probability (pb) and symbol error probability (ps) in the 
communication channel is given by the expression 

2logb
s

M
pp =              (6) 

After the RS decoder the dependency between bit error 
probability Pb and symbol error probability Ps is the following 

12
2 1

n

b n sP P
−

=
−

.             (7) 

In the graphic dependencies represented below, instead of 
the bit error probability we have used its statistical evaluation 
ВER. 

III. IMPACT OF THE PARAMETERS OF THE RS CODE 
ON THE RADIO CHANNEL NOISE IMMUNITY 

The effectiveness of the Reed-Solomon code is higher 
when the interference duration is much lower than the packet 
duration. In order to provide this condition, it is necessary to 
increase the total number of encoded symbols in the packet. It 
is easy to prove that noise immunity becomes higher when the 
packet size becomes greater. This is evident from the curve 
family shown in Fig. 1 where the code rate is constant 0.92, 
while the size of the packets changes from 64 symbols to 512 
symbols. 

The impact of the RS code rate on the noise immunity of 
the radio channel can be evaluated by using the dependencies 
shown in Fig. 2. They apply in the case where the size of the 
packet is constant (N = 204) and the number of information 
symbols changes from K = 180 to K = 196. It is evident that 
when the checksum increases, the radio channel noise 
immunity becomes better, but this is accompanied by a 
shortening of the channel effective bandwidth, which leads to 
a lowering of the information rate. 

Fig. 3 shows results from a simulation study of the impact 
of the RS code rate on the noise immunity of radio channels 

formed by different manipulations. In the study we have taken 
that N = 204, and the maximum acceptable BER value is 
10−11. It is evident that there are three characteristic fields. In 
the first one (RRS ≤ 0.4) the increasing of the code rate leads to 
higher radio channel noise immunity, in the second one 
(0.4 ≤ RRS ≤ 0.7) the change of the code rate has no essential 
impact on the noise immunity, and in the third one (RRS ≥ 0.7) 
when the code rate is increased, the radio channel noise 

immunity becomes lower. 
Two factors have impact on the radio channel noise 

immunity. The first one is the checksum size: when it 
increases, the radio channel noise immunity becomes higher. 
The second factor is the bit transmission energy: it becomes 
lower when the checksum increases and, as a result, the 
demodulator makes more errors. When code rates are low, the 
second factor has greater impact, which results in noise 

 

Fig. 2. Output BER versus code rate 

 

Fig. 1. Output BER versus packets length 
 

Fig. 3. Noise immunity of radio channels formed by QPSK, 8PSK, 
16QAM, 32QAM and 64QAM with different RS code rates  
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immunity deterioration. When code rates are high, the first 
factor has greater impact and noise immunity becomes lower 
as a result of the smaller checksum. In the middle section of 
the graphics (0.4 ≤ RRS ≤ 0.7) the two factors have 
commensurable impact and, respectively, the noise immunity 
remains relatively constant.  

The dependencies shown in Fig. 3 make it possible to 
define the optimal RS code rates when using different 
methods for radio channel forming. In order to do this, two 
factors have to be taken into account: the radio channel noise 
immunity and the bandwidth effectiveness, which decreases 
when the code rate becomes lower. 

IV. RADIO CHANNEL NOISE IMMUNITY WHEN THE 
CONVOLUTIONAL CODE PARAMETERS CHANGE   

The convolutional encoding devices have memory, and 
their output is not only the function of the current symbol but 
also of the previous l − 1 input symbols (the length of each 
symbol is n bits), where l is the constraint length. In digital 
TV broadcasting, punctured convolutional codes based on a 
rate 1/2 convolutional code with constraint length l = 7 have 
become established. The code generator polynomials of these 
codes are as follows: 
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In satellite and terrestrial DVB systems are used convolutional 
codes with rate RC = 1/2, 2/3, 3/4, 5/6 and 7/8.      

One of the most common and applied methods for 
convolutional code decoding is the Viterbi algorithm. The 
upper limit of bit error probability (BER) after Viterbi 
decoding can be defined by the formula [4]: 
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where w(d) is the number of paths of Hamming distance d 
from the all-zero path, p(d) – the probability of choosing an 
incorrect path, which is different from the correct path in 
terms of d positions, and df – the free distance of the used 
code. 

The values of w(d) and df are given [2], [4] and [5], and for 
the derivation of p(d) are used the expressions from (2) to (6), 
in which the argument of the error complementary function is 
substituted by x* = x · d · RC . As a result, the following 
formulae for the calculation of p(d) are derived: 

• when QPSK signals are transmitted 

( )C 0( ) 0.5 bp d erfc R d E N⋅≈ ⋅ ⋅         (10) 

• when 8PSK signals are transmitted 

( )C 0( ) 0.33 0.66 bp d erfc R d E N⋅≈ ⋅ ⋅        (11) 

• when 16QAM signals are transmitted 

( )C 0( ) 0.38 0.63 bp d erfc R d E N⋅≈ ⋅ ⋅        (12) 

• when 32QAM signals are transmitted 

( ){ }C

2

0( ) 0.2 1 1 0.49 bp d erfc R d E N≈ − − ⋅ ⋅⎡ ⎤⎣ ⎦     (13) 

• when 64QAM signals are transmitted 

( )C 0( ) 0.29 0.38 bp d erfc R d E N⋅≈ ⋅ ⋅         (14) 

The impact of the code rate on the radio channel noise 
immunity can be observed in Fig. 4. It shows a curve family 
for different convolutional code rates with generator 
polynomials Gx=171 and Gy=133. It is evident that when the 
code rate is increased, the noise immunity decreases. 

The results of this study show that when the probability of 
bit error occurrence in the communication channel is high, the 
convolutional code does not manage to correct the error bits 
and even increases their number. In the borderline case it may 
even occur that all bits after the decoder are error bits. 

The impact of the code constraint length l on the radio 
channel noise immunity can be analyzed by studying 
convolutional codes with different generator polynomials. 
Fig. 5 shows the results of such a study, which are relevant to 
convolutional codes with rate RC = 1/2. It is evident that when  
l increases, the channel noise immunity becomes higher. 

V. EFFECTIVENESS EVALUATION OF DOUBLE-
CASCADE RS/CONVOLUTIONAL 

ENCODING APPLICATION 

The material we have considered up to here points to the 
fact that in order to make the radio channel noise immunity 
higher, it is necessary to increase the length of the packets 
undergoing RS encoding and the constraint length of the 
convolutional code. However, this leads to a complication of 

 

Fig. 4. Dependencies of BER after Viterbi decoding on the 
convolutional code rate 
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the encoding and decoding devices and in this respect the 
impact of the convolutional code constraint length is stronger.  

Interesting for the engineering practice are the 
combinations of RS and convolutional codes, where the 
concatenated code rate remains constant. Such codes can be 
derived by combining convolutional codes with great 
constraint length and Reed-Solomon codes with small packet 
length or by combining convolutional codes with small 
constraint length and Reed-Solomon codes with great packet 
length. In this case the increase in the complexity of one 
device leads to the decrease in the complexity of the other 
one. 

 In Fig. 6 it is evident that when there is a great error 
probability in the communication channel, the choice of a 
convolutional code with great constraint length and small 
packets length of the Reed-Solomon code makes possible the 
achievement of better noise immunity. When there is a low   
probability of error in the communication channel, the result 
is better when a convolutional code with a small constraint 
length is combined with a Reed-Solomon code with great 
packets length.   

When choosing the adequate concatenated codes, it is 
necessary to take several facts into consideration: the BER set 
at the receiver output, the bit error probability in the 
communication channel, the complexity of the encoding and 
decoding equipment. 

VI. CONCLUSION 

In this paper we have presented results from simulation 
studies of the dependency of BER at the receiver output on the 
parameters of the RS and convolutional codes used, and these 
results are not only the basis of DVB systems but also of other 
telecommunication systems using these codes. The analytical 
and graphic dependencies make it possible, by using a set 
BER after channel decoder, type of modulation and carrier-to-

noise ratio at the receiver input, to define the parameters of 
RS, convolution and concatenated codes. 
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Fig. 5. Noise immunity of the radio channel for convolutional codes 
with different generator polynomials   

 
Fig. 6. Impact of packets length and constraint length on the noise 

immunity of radio channels formed by QPSK manipulation 
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Linearization of microwave power amplifier for 
broadband applications 

Aleksandra Đorić1, Aleksandar Atanasković2, Nataša Maleš-Ilić3, Bratislav 
Milovanović4

Abstract — The linearization of broadband power amplifier 
for application in the frequency range 0.7-1.1GHz is considered 
in this paper. The amplifier comprises Freescale’s transistor 
MRF281S LDMOSFET characterized by the maximum output 
power 4W and the broadband lumped element matching circuits. 
The linearization of the amplifier is carried out by the second 
harmonics of the fundamental signals injected at the input and 
output of the amplifier transistor. The effects of linearization are 
considered for the case of two sinusoidal signals separated in 
frequency by 5, 10, 20, 40 and 80MHz for different input power 
levels of -5, 2 and 10 dBm, as well as for broadband WCDMA 
digitally modulated signal. 

 
Index Terms — amplifier, linearization, second harmonics, 

intermodulation products 
 

I.  INTRODUCTION 

Modern wireless comunication systems (CDMA-2000, 
WCDMA, OFDM etc.) are developing toward the 
augmentation of frequency bandwidth to transmit a large 
number of carriers, with high velocity. In wireless 
comunication systems, Peak-to-Average power ratio (PAR) is 
very high, so that the power amplifiers (PA) in base stations 
need to satisfy the requirement of high linearity to amplify the 
signals with high PAR with a low distortion. The impact of 
the linearization tehnique that uses the second harmonics of 
fundamental signals (IM2) to suppress the intermodulation 
products of power amplifiers for narrowband applications has 
been analyzed in [1], [2] through the simulation process.  
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The linearization was applied by simultaneous  injection of 
the second harmonics to the input and output of the amplifier 
transistor. The experimental verification of the linearization 
method was performed on a standard narrowband amplifier at 
1GHz for two cases: when the linearization signals are led 
only at the output of the amplifier transistor and when 
linearization signals are simultaneously inserted at the input 
and output of the amplifier transistor [3].  

In this paper, a broadband power amplifier is designed to 
operate over the frequency range 0.7-1.1GHz and the 
linearization of the amplifier is carried out by simultaneous 
insertion of the second harmonics at the input and output of 
the amplifier transistor. The effects of the linearization are 
considered through the simulation for two sinusoidal signals 
with different frequency interval between them starting from 
5MHz and going up to 80MHz, and for input signal power 
levels rangeing up to 1dB commpression point. Additionally, 
the amplifier are analyzed for the broadband WCDMA 
digitally modulated signal. 

II. PA DESIGN APPROACH 

Agilent Advanced Design System-ADS software was used 
for designing the broadband microwave amplifier. The 
amplifier was designed at central frequency 1GHz to operate 
over the frequency range 0.7-1.3GHz on the bases of the MET 
model of Freescale transistor MRF281S LDMOSFET. The 
source and load impedances ( )5.5 15sZ j= + Ω  and 

( )12.5 27.5lZ j= + Ω , respectively, were obtained by load-
pull and source-pull analysis in ADS. The satisfactory gain 
characteristic and matching at the input and output of the 
amplifier were attained over the frequency range 0.7-1.1GHz. 
Detailed insight into the amplifier design process will be 
given in the following steps: 

Matching network design approach 

In order to design a broadband amplifier circuit, the input 
and output matching circuits of the transistor are based on the 
filter structures with lumped elements. Primarily, a lowpass 
prototype of filter with the order N=3 was designed. 
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Fig. 1. Amplifier with lumped element matching circuit after applying Norton transformations with an additional circuit for linearization 
 
 

The method of minimum reflection [4], [5] was used for 
calculating the normalized admittances of the prototype 
elements. The values of the reactive elements of the lowpass 
filter were calculated using the appropriate transformations 
[6]. Then, lowpass filter was transformed into a bandpass 
filter in a way that each series element was replaced by series 
resonant circuit, and each parallel element was replaced by a 
parallel resonant circuit at 0 1GHzω =  [6]. 

Application of Norton transformations to the matching 
circuits 

Norton transformations [5] were applied in order to reduce 
values of some inductances and capacitances in the matching 
circuits, which values did not correspond to the commercially 
available components. These transformations provide the 
scaling of the terminating resistors of matching circuits 
upwards or downwards to 50Ω using an ideal transformer 
with a certain transformation ratio n. After applying Norton 
transformations, approximately the same transmission 
characteristic and reflection losses were achieved in 
comparison with the basic matching circuit with lumped 
elements. Transformation ratio n=0.941 was selected for the 
output matching circuit, whereas n=1.2525 for the input 
matching circuit. Norton transformations implemented at the 
output matching circuit reduces the terminating load value 
from 56.45Ω to 50Ω, while at the input matching circuit 
another type of Norton transformations was exploited to 
increase the terminating load from 31.87Ω to 50Ω.  

Stabilization of the amplifier 

The designed matching circuits were then inserted at the 
input and output of LDMOS transistor as shown in Figure 1. 
Transistor is biased to operate in class-AB, VD=26V, 

VG=5.1V (13.5% IDSS). The stabilization of the amplifier was 
performed by the resistances that are connected in parallel 

with RF chocks in DC power supply circuits of transistor, as 
well as by the resistance connected in parallel with the input 
matching circuit, as shown in Figure 1. The values of these 
resistances were selected in the range 300-600Ω in order to 
prevent losses of the fundamental signal. 

Linearization circuit 

With the aim to reduce the third-order intermodulation 
products of the amplifier, the linearization technique that 
utilizes the second harmonics of fundamental signals, IM2, 
was applied [1], [2]. For linearization purpose, IM2 signals 
were generated by an additional nonlinear source, as shown in 
Figure 1. The circuit for linearization consists of two 
independent branches which adjust amplitude and phase of the 
second harmonics and conduct them to the input and output of 
the transistor. The proposed linearization technique applied to 
the narrowband amplifiers [1], [2] feeds the IM2 signals to the 
input and output of the amplifier transistor over the frequency 
diplexers that separate fundamental signals and their second 
harmonics. As this paper analyzes the broadband amplifier 
linearization, the application of diplexers will not give 
satisfactory results. The IM2 signals are delivered to the input 
and output of the amplifier transistor throughout the bandpass 
filters characterized by 2GHz center frequency and 0.5GHz 
frequency bandwidth.  

Figure 2 compares the parameters S21, S11 and S22 in the 
case when the signals for linearization are led to the amplifier 
through an ideal bandpass filter (grey curve), and in the case 
when they are put throughout a coupled line filter designed in 
microstrip technology (black curve). Microstrip filter of the 
third order was designed on the substrate with parameters: 
εr=4.3, substrate height h=0.625mm, metallization thickness 
t=0.04mm and the tangent losses tgδ=0.002.  

It visible from the graph that, although the broadband 
matching circuits were designed for amplifier to operate in the 
frequency range 0.7-1.3GHz, S11 and S22 parameters fulfill 
the requirements of acceptable matching at input and output of 
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the transistor in a narrower frequency range. Thereby, in the 
case of microstrip bandpass filter in the circuit for 
linearization, S21 parameter as well as the input and output 
matching of the amplifier becomes a slightly worse with the 
increase of frequency. The frequency range where these 
parameters reach the acceptable values is 0.7-1.1GHz.  

 
a) 

 
b) 

 
c) 

Fig. 2.  S-parameters of the amplifier with lumped element matching 
circuits obtained by applying Norton transformations with ideal 
bandpass filter in circuit for linearization (gray curve) and with 

coupled line microstrip filter (black curve): a) S21, b) S11, c) S22 

III. LINEARIZATION OF THE AMPLIFIER 

In order to assess the impact of the proposed linearization 
technique on the designed broadband power amplifier, two-
tone test was performed in ADS. One sinusoidal signal at 
frequency 1GHz and the other shifted in frequency by 5, 10, 
20, 40 or 80MHz were simultaneously driven at the amplifier 
input. The analysis was carried out for different input signal 
power levels of -5, 2, and 10dBm. At this stage of the 
analysis, the influence of the real structure of bandpass filter 

with microstrip coupled lines was observed, while the impact 
of other devices in the circuit for linearization - attenuator, 
phase shifter and amplifier will be considered in the next 
phase of research. Power level of the third-order 
intermodulation products, IM3, before and after the 
linearization, in terms of the frequency interval between the 
signals is presented in Figure 3 for power levels of 
fundamental signals at the amplifier input -5, 2 and 10dBm.  

 
a) 

 
b) 

 
c) 

Fig. 3. Third-order intermodulation products of amplifier with 
lumped element matching circuits obtained by applying Norton 
transformations for input power levels: a) Pin=-5dBm, b) Pin=2dBm, 
c) Pin=10dBm 
 

It can be noted that, after the linearization, a significant 
reduction of IM3 products was achieved in a considered 
power range. The figures clearly indicate that the 
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augmentation of the signal power negligibly lessens the grade 
of IM3 reduction in the case of a small frequency interval 
between the signals; therefore, the IM3 are suppressed by 
approximately 35dB for 5MHz shifted signals. In the cases of 
-5dBm and 2dBm input power, almost an uniform drop of the 
third-order intermodulation products was achieved for the 
various frequency interval between the signals. However, the 
linearization grade of IM3 falls from 30dB in case of 10MHz 
frequency interval to the value of 10dB for 80MHz interval 
when input power is 10dBm. 

 
Fig. 4. Output spectra before linearization (dashed line) and after 
linearization (solid line) for two sinusoidal signals for frequency 
interval of 5MHz and input power level of 2dBm 
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Fig. 5. Output spectra before linearization (grey line) and after 
linearization (black line) for WCDMA signal 
 

The output spectra before and after the linearization are 
ilustrated in Figure 4 for two-tone test when signals are 
shifted by 5MHz and input power levels are 2dBm per signal. 
It is observed that the level of IM3 products descends from     
-16dBm to -50dBm after the linearization, while the level of 
the fundamental signal goes up slightly by approximately 
0.5dB. The figure also shows degradation of the fifth-order 
intermodulation products that will be analyzed in the further 
research. 

Moreover, the broadband amplifier was tested for WCDMA 
signal at central frequency 1GHz, the spectrum width of 
3.28MHz and input power of 7dBm. The results of the 
analysis are shown in Figure 5. Parameter - Adjacent channel 
power ratio, ACPR, is improved by 10dB at ±4MHz offset 
from the carrier. 

IV. CONCLUSION 

This paper presents the analysis of the impact of the 
linearization technique, which uses the second harmonics of 
the fundamental signals, on suppression of the third-order 
intermodulation products in case of broadband power 
amplifier. The amplifier is designed to operate over the 
frequency range 0.7-1.1GHz in configuration with lumped 
element matching circuits. In the applied linearization method, 
the second harmonics are adjusted in amplitude and phase 
throughout two independent branches and inserted into the 
input and output of the amplifier transistor over the bandpass 
filter. The effect of the real microstrip filter designed in 
configuration with coupled lines is analyzed. Very good 
results are achieved in reduction of the third-order 
nonlinearity of the amplifier observing the two-tone test for a 
signal power range, all up to the point of saturation. 
Furthermore, the satisfactory results are gained in cases when 
the frequency interval between signals rises. However, it can 
be noticed that the intermodulation products decrease by 
smaller values when the power levels and interval between 
signals grow up. In addition, test of the amplifier for the 
broadband WCDMA digitally modulated signal also shows 
positive effect of the applied linearization method. 
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Modelling of a Coaxially Loaded Probe-Coupled 
Cylindrical Cavity using the Cylindrical TLM Method 

Tijana Dimitrijević, Jugoslav Joković, Bratislav Milovanović 

Abstract – In this paper the accuracy and usefulness of the 
cylindrical TLM method enhanced with the compact wire model 
has been verified on an example of a coaxially loaded probe-
coupled cavity. Advantageous of the presented method have been 
accentuated in regards to the corresponding rectangular model.  
 

Keywords – Cavity resonators, Electromagnetic analysis, 
Coaxial load, Probe antennas, Wire model, Cylindrical grid. 

I. INTRODUCTION 

Analytical expressions exist describing the fields within 
simple geometries (i.e., in a waveguide or an unloaded cavity 
of regular geometric shape). However, as soon as complicated 
shapes or structures containing lossy loads are encountered, 
equations become difficult or impossible to solve analytically. 
Thus, computational electromagnetic techniques emerge as an 
invaluable tool in the cavity design field. Numerical 
modelling provides valuable information on such parameters 
as the electric and magnetic fields, and the power absorbed by 
the load. Among them, one of the most used in the field is 
Transmission-Line Matrix (TLM) time-domain method [1]. 
The applicability of this so-called full-wave method in the area 
of modelling of resonant loaded cavities provides better 
understanding of the mode tuning behavior in a cavity under 
loading condition, allowing users to make necessary changes 
in order to optimize the cavity design. 

Constant improvements of the TLM method have led to the 
development of several commercial packages. These packages 
are convenient as they avoid the tedious task of writing the 
code. The disadvantage, however, is that they cannot be 
modified, as would be the case with self-written codes. 
Furthermore, they are generally based on the rectangular 
coordinate system and applicable on both rectangular and 
cylindrical cavity. Opposed to rectangular structures, which 
can be simply modelled in a rectangular TLM grid, there are 
problems, such as those with cylindrical or spherical 
symmetry, where a curved boundary would have to be 
described approximately (in a step-wise fashion) that, 
depending on the mesh resolution, might result in a deviation 
of resonant frequency values as well as in excitation of 
unwanted modes. This numerical error could be reduced by 
applying the rectangular TLM mesh of higher resolution 
around cavity walls. As a result, duration of a simulation is 
increased, requiring more computer resources. Thus, it is more 

convenient to use TLM method developed in a cylindrical 
grid, since it enables precise modeling of boundaries 
independently of the mesh resolution. Also, due to problem 
symmetry it is possible to save computer resources and speed 
up a simulation process. 

A problem of choosing an adequate rectangular network 
becomes more pronounced when a coaxially loaded 
cylindrical cavity is the subject of modelling. Namely, due to 
the demand of achieving a time synchronization in a scattering 
process, the TLM nodes used for describing the load have to 
be rε (εr is a relative dielectric constant of a load) times less 
compared to nodes dimension in the rest of the cavity filled 
with the air. Also, when the rectangular TLM method is 
applied to model a coaxial load the circular cross section of 
the load would have to be modelled approximately. This 
means that the coaxially loaded cavity has to be modelled by 
non-uniform mesh, including the homogeneous area filled 
with air, which does not correspond to the real structure (Fig. 
1a). As consequence, numerical results might not converge, 
especially in cases of dielectrics of large dielectric constant as 
well as loads having large radius, where the rectangular TLM 
model is not applicable. On the other hand, the cylindrical 
TLM method allows for changing the resolution only through 
radial component, providing uniformity of the mesh within the 
same medium (Fig. 1b). Thus, the cylindrical TLM grid 
enables correct modelling irrespective whatever load 
dimensions and dielectric constant value are. 

2a
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    2a
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�r
�0

 
a)                                    b) 

Fig. 1. a) Rectangular TLM network, b) Cylindrical TLM network 

One of the aims that should be reached during designing 
process of these structures is to enable modelling conditions 
that are in large amount similar to the real experimental 
procedure. For instance, knowing in what way wire elements 
used for excitation and detection of resonant modes influences 
a model behavior is of great significance. To enable this, the 
compact wire model has been developed and implemented in 
the TLM method based on the rectangular grid [2]. When this 
method is used to model a cylindrical probe-coupled cavity, 
two opponent demands have to be fulfilled. One is regarding 
precise modelling of boundaries which might be achieved by 
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mesh of higher resolution, and the other is related to the wire 
model implementation that assumes an optimal ratio between 
wire radius dimension and dimension of nodes through which 
wire propagates. As consequence, a maximum probe radius 
that could be modelled is limited.  

This limitation of a rectangular TLM model for describing 
a probe-fed cylindrical cavity can be overcome by the 
compact wire model implemented in the cylindrical TLM 
model that enables precise curved boundaries modelling 
irrespective of the mesh resolution applied. Due to the 
cylindrical grid structure and empirical nature of the compact 
model, this implementation has to take into account a change 
of wire parameters with a variable cross-section of the TLM 
nodes through which a radially placed wire conductor passes. 
This has been solved by the development and implementation 
of an additional algorithm for connecting procedure for wire 
segments belonging to TLM nodes with different cross-
sections. 

Based on the compact TLM wire model embedded in the 
cylindrical model the noncommercial code 3DTLMcyl_cw has 
been written. It was verified on an example of a cylindrical 
cavity containing wire elements for resonant modes excitation 
and detection [3]. Further, this model has been succesfully 
applied for resonant frequencies determination in case of a 
probe-coupled cylindrical cavity loaded with planparallel 
layers of dielectrics. [4].  

The subject of this paper is to explore usefulness and 
efficiency of the cylindrical TLM model enhanced with the 
compact wire model for accurate modelling of a cylindrical 
cavity loaded with a concentric dielectric cylinder (Fig. 2). 
The transmission and reflection coefficient based on the 
coupling of two wire probes inserted into the cavity have been 
considered numerically and experimentally. Advantageous of 
the presented cylindrical method have been considered with 
regard to the corresponding rectangular method. 
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Fig. 2. A probe-coupled coaxially loaded cylindrical cavity 

II. MODELLING PROCEDURE 

The TLM method is a time-domain numerical method for 
solving field problems using circuit equivalents. The method 
is based on the equivalence between Maxwell’s equations and 
the equations for voltages and current on a mesh of 
transmission lines, the latter representing the propagation 
space. 

In the conventional TLM time-domain method, the EM 
field strength in three dimensions, for a specified mode of 
oscillation in a metallic cavity, is modelled by filling the field 
space with a network of link lines and exciting a particular 
field component through incident voltage pulses on 
appropriate lines. An efficient computational algorithm of 
scattering properties, based on enforcing continuity of the 
electric and magnetic fields and conservation of charge and 
magnetic flux, is implemented to speed up the simulation 
process. EM properties of different mediums in the cavity are 
modelled by using a network of interconnected nodes, a 
typical structure known as the symmetrical condensed node – 
SCN. To operate at a higher time-step, a hybrid symmetrical 
condensed node (HSCN) is used. Each node describes a 
portion of the medium shaped like a cubic (Cartesian 
rectangular mesh) or a slice (Non-Cartesian cylindrical mesh) 
depending on the coordinate system applied. Additional stubs 
may be incorporated into the TLM network to account for 
inhomogeneous materials and/or electric and magnetic losses 
[1]. 

When cylindrical structures are concerned, a non-Cartesian 
cylindrical mesh in the coordinate system (φ, r, z) can be used 
for the modelling purpose. The coordinate system used and 
the port designations are shown in Fig. 3. Simulation proceeds 
exactly as for a SCN with stubs in a Cartesian grid. The only 
modification involves the calculation of stub parameters 
where account must be taken of the details of the new 
geometry. 
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Fig. 3. A cylindrical SCN 

Since the considered cylindrical model is based on the 
HSCN node type I, characteristic admittances of link lines are 
calculated as: 

 
ji

ktcYYY
rk

jiij ΔΔ
ΔΔ

==
μ
2

0 , (1) 

and characteristic admittances of open stubs are as follows: 
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where (Δi, Δj, Δk) = (rΔφ, Δr, Δz).  
When modelling of cavities containing lossy loads is 

concerned, implementation of losses in the TLM model is 
carried out by introduction of stubs with losses in the nodes 
where scattering is going on. Stubs with losses may be 
considered as infinitely long transmission lines, or 
equivalently, as lines terminated with its characteristic 
impedance. They can be used to model either electric or 
magnetic losses. In case of the symmetrical condensed node, 
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stubs with losses are directly implemented in the scattering 
procedure, including coupling with the corresponding EM 
field component.  

After defining a loss tangent at the appropriate frequency, 
corresponding equations for reflected total voltages and 
currents in corresponding direction have to be modified in 
case of modelling of mediums with losses [1]. 

For the purpose of modelling of real microwave devices 
involving presence and coupling of wire elements, the 
compact wire TLM model has been developed. Signal 
propagation along the wire and interaction with EM field is 
simulated through the wire network formed of additional link 
and stub lines interposed over the existing network to account 
for increase of capacitance and inductance of the medium 
caused by wire presence. The single column of TLM nodes, 
through which a wire conductor passes, can be used to 
approximately form the fictitious cylinder which represents 
capacitance and inductance of a wire per unit length. 

An equivalent radius of the fictive cylindre in a cylindrical 
grid for calculating the capacitance and inductance, Crr  and 

Lrr , respectively, for a wire segment running along radial 
direction are cCrCr rkr Δ=  and cLrLr rkr Δ= , where Δrc 
represents a mean dimension of the node cross-section in r 

direction ( ( ) 2/
2

1 ⎟
⎠
⎞

⎜
⎝
⎛ Δ+Δ

+
=Δ + zrrr ii

c ϕ , (where ri and ri+1 are 

lower and upper limits of the TLM wire node in radial 
direction (Fig.3)), while Crr  and Lrr  are factors empirically 
obtained by using known characteristics of the TLM network. 

Distributed capacitance and inductance per unit length, 
needed for modelling of wire segments, may be expressed as: 

 ( )wCr
wr rr

C
/ln

2πε
= , ( )wLrwr rrL /ln

2π
μ

=  (3) 

where rw is a real probe radius.  
An equivalent radius of the fictitious cylinder can be easily 

kept constant along nodes column in a rectangular grid. 
However, for a radial wire conductor in a cylindrical grid, as it 
is shown in Fig. 3, mean cross-section dimensions of TLM 
nodes, through which a wire passes, are variable making 
difficult to preserve distributed capacitance and inductance of 
a wire per unit length. As a result, admittance of the wire 
network link line, interposed over the existing network to 
account for wire presence, varies from one TLM node to 
another (Fig. 4). Therefore, an additional connecting 
procedure for wire segments with different link-lines 
admitances has been implemented into the existing TLM-
based software [3]. 

Reflected voltages on both directions of the interface 
between nodes with different cross-section, which at the same 
time represent incident voltages respect to the node center for 
the next time step, can be expressed as follows: 
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where w
eV  is an equivalent voltage at the interface, incw

iV ,  and 
incw

iV ,
1+ are the incident voltages. 
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    a)        b) 

Fig. 4. a) TLM nodes in rφ plane through which wire runs and b) an 
interface between two nodes 

Such compact wire model allows for simple incorporation 
of voltage/current sources and lumped loads and takes into 
account the physical dimensions of wire probes, determined 
only by TLM mesh resolution. 

III. NUMERICAL RESULTS 

In order to investigate possibilities and effectiveness of the 
compact wire TLM model of a cylindrical cavity loaded with 
a dielectric cylinder, 3DTLMcyl_cw has been used for 
modelling of a coaxially loaded probe-coupled cylindrical 
cavity with dimensions a = 7 cm and h = 14.24 cm, chosen to 
follow the experimental ones [3]. Wire probes, representing a 
feed and receiving probe, were placed at the height l = 7.4 cm 
from the bottom of the cavity, along the radial direction and 
opposite to each other (Fig. 2). In order to model real coaxial 
cable characteristics, the probes were connected, through the 
TLM wire port, to the real voltage source and resistances of 
50Ω. A probe radius and length were chosen to be r = 0.5mm 
and d1=d2=d=2.5cm, respectively, whereas it was asumed that 
the cavity walls and wire probes were made out of the perfect 
conducted material. The water of relative dielectric 
constant 677 jr −=ε  has been used as a coaxial load. In order 
to provide convergence of the results in the frequency range 
of interest, whilst taking care of time simulation and computer 
resources, coaxialy loaded cavities for two different 
dielectrics have been modelled by properly chosen cylindrical 
network. A radius of the load was set to be rdiel = 3cm, 
whereas the load has been modelled with nodes which 
dimension was rε  times less than nodes in the air-filled 
area.  

Simulated reflection characteristic in the frequency range of 
interest is shown in Fig. 5, whereas numerical values of 
resonant frequencies are compared with measured ones in 
Table I. Fig. 6. shows both numerical and experimental results 
representing transmission characteristic in the frequency range 
of interest. As can be seen numerical results follow the 
experimental ones in a great extent.  

However, when a rectangular TLM mesh would be applied 
to model the cilindrical cavity loaded with water it would not 
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be possible to obtain reflection or transmission characteristic 
in the consedered frequency range. The reason for that can be 
found in the fact that maximum probe radius, which can be 
modelled, is limited due to extra fine nonunifrom mesh (Fig. 
1a) used in the homogeneous air-filled area where wire probes 
are placed. This means that in case of loads having large 
permitivitty, such as the water, simulation based on the 
rectangular grid can be proceed only if probes of a very small 
radius are used, which does not correspond to the real case.  

 
Fig. 5. Reflection characteristic of a probe-coupled cavity 

coaxially loaded with water 
 

TABLE I 
RESONANT FREQUENCY VALUES OF A COAXIALLY LOADED CAVITY 

ACCORDING TO THE REFLECTION COEFFICIENT  
 

Rezonant 
frequency 

(GHz) 
TLMcyl_cw Measured 

values 

water 

1.394 1.391 
1.797 - 
2.148 2.122 
2.515 2.472 
2.840 2.816 

On the other hand, when a cylindrical TLM mesh is 
applied, a mesh resolution used to model the coaxial load is 
chosen in order to achieve time synchronization and have no 
influence on the mesh uniformity within the air-filled area. 
This yields possibility of modelling of probes of greater 
radius. 

uh 
Fig. 6. Transmission characteristic of a probe-coupled cavity 

coaxially loaded with water 

IV. CONCLUSION 

This paper presents an efficiency of the compact wire 
model implemented into the 3-D TLM cylindrical mesh for 
the purpose of the analysis of a probe-coupled coaxially 
loaded cylindrical microwave cavity. The model accuracy has 
been experimentally verified on an example of a probe-
coupled cylindrical cavity containing water as a dielectric 
cylinder. Possibilities and usefulness of the presented model 
have been considered in regards to the rectangular grid based 
TLM method. 

The main advantage of cylindrical grid based TLM method 
is precise modelling of cylindrical cavity external amd 
internal boundaries which allows for mesh resolution to be 
chosen only in regards to the wire probe radius. Another 
advantage is seen in case of a coaxially loaded cylindrical 
cavity, where it is possible to accuratelly model a 
nonhomogeneous medium independently of a load dimension 
and permitivitty. Moreover, an implementation of the compact 
wire model in the cylindrical TLM grid has enabled modelling 
of probes of greater radius than a rectangular grid allows for 
since there is no need for increasing the mesh resolution to 
provide correct modelling of boundaries. Finally, in a 
presence of a coaxial load of large permittivity it is possible to 
model probes of much greater radius compared to the 
rectangular TLM grid, since the mesh resolution used to 
model a load, which must be changed in order to achieve time 
synchronization in the scattering process, has no effect on the 
mesh resolution in the air-filled area, as it is the case in the 
rectangular TLM grid. 

The considered configuration of a probe-coupled cavity 
loaded with coaxially placed dielectric is of a great 
importance in a realization of microwave resonant applicators, 
widely used for thermal processing of materials. 
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Analysis of Electromagnetic Emissions from Printed 
Circuit Board in Enclosure Using TLM Method 

Jugoslav Joković, Nebojša Dončov and Tijana Dimitrijević 

Abstract – In this paper, electromagnetic (EM) emissions from 
a printed circuit board (PCB) in metallic enclosure with aperture 
are analysed. The Transmission Line Matrix (TLM) method is 
applied to account for the interactions between the PCB and the 
enclosure by including the basic physical features of the PCB. A 
basic test board, placed in enclosure with aperture, is modelled 
in configurations where feeding and terminations are realized 
through TLM wire ports. Numerical results of EM field 
components inside the enclosure are compared with reference 
results based on simulation and measurements. Also, EM field 
inside and outside enclosure is considered and effect of the 
aperture to EM emissions are analysed.  
 

Keywords – Printed circuit board, enclosure, aperture, EM 
emission, TLM method. 

I. INTRODUCTION 

The rapid development and utilization of advanced digital 
techniques for information processing and transmission in 
modern communication systems have led to a further 
evolution of the semiconductor technology to nanometre 
regime. A number of complex components and devices, 
usually in high-density packaging, can be found in today’s 
communication systems resulting in a very challenging 
electromagnetic (EM) field environment. Therefore, 
electromagnetic compatibility (EMC) [1] has become one of 
the major issues in design of these systems, especially some of 
their parts such as printed circuit boards (PCBs) and 
integrated circuits (ICs).  

Clock rates that are driving PCBs are now in the GHz 
frequency range in order to increase dramatically processing 
speed. Therefore, consideration of even a few higher 
harmonics of clock rates takes design of such circuits well 
into the microwave regime. PCBs are becoming increasingly 
more complex and as consequence quantifying their EM 
presence is more difficult. In the microwave frequency range, 
PCBs have dimensions of the order of several wavelengths 
and thus become efficient radiators and receivers of EM 
energy. In addition, high-density packaging, widely applied to 
the PCB design, could cause a significant level of EM 
interference (EMI) between neighbours PCBs, particularly 
when they are placed in an enclosed environment. These 
effects in combination with the driving down of device 
switching voltage levels are making signal quality/integrity 
and emission/ susceptibility critical EMC issues in next 
generation high-speed systems.  

 

Differential numerical techniques, such as the finite-
difference time-domain (FD-TD) method [2] and the 
transmission line matrix (TLM) method [3], are common tools 
for computational analysis of numerous EM and EMC 
problems. However, a full-wave three dimensional (3D) 
numerical simulation to accurately reproduce the EM field 
around a PCB usually requires substantial computing power 
and simulation run-time. Therefore, one efficient technique 
based on the equivalent principle [4], providing simplified 
equivalent dipole models to accurately predict radiated 
emissions without reference to the exact details of the PCB 
has been recently proposed [5]. The model has been deduced 
from experimental near-field scanning and it includes not only 
the excitation but also physical features of PCB such as its 
ground plane and dielectric body, both very important in 
closed environment. However, such model can be very 
complex and run-time consuming when it is incorporated into 
conventional calculation algorithms of FD-TD or TLM 
methods. 

For some of the geometrically small but electrically 
important features (so-called fine features), such as wires, 
slots and air-vents, few enhancements to the TLM method 
have been developed [6-8]. These compact models have been 
implemented either in the form of an additional one-
dimensional transmission line network running through a tube 
of regular nodes or in the form of an equivalent lumped 
element circuit, allowing to account for EM presence of fine 
features without applying a very fine mesh around them. 
Compared to the conventional approach, these models yield a 
dramatic improvement in computer resources required.  

Similar compact model could be developed for the PCB 
allowing for efficient implementation into the TLM algorithm 
procedure and accurate representation of EM emissions and 
coupling of the PCB. Developing of such model has assumed 
that an extensive full-wave analysis has to be conducted in 
order to fully characterize EM presence of the PCB either in 
the free space or in an enclosed environment.  

In this paper, we consider the basic test PCB placed in a 
rectangular metallic enclosure as typical closed environment 
for PCBs. It consists of L-shaped microstrip track on FR4 
substrate [5]. The impact of radiated emission of this simple 
PCB structure, with wire feed and terminated probes at its 
ends, on EM field distribution inside the enclosure is 
investigated. In addition, an aperture on one enclosure wall 
(e.g. used for outgoing or incoming cable penetration from 
and to PCB) is also taken into account. Numerical TLM 
results of EM field at resonances are compared with reference 
results based on measurements and equivalent dipole 
simulations [5]. The TLM results of EM field patterns inside 
and outside the enclosure are used for analyse of aperture 
presence impact to radiated EM emissions from PCB.  

Authors are with the Faculty of Electrical Engineering, University
of Nis, Aleksandra Medvedeva 14, 18000 Nis, Serbia, E-mail:
[jugoslav.jokovic, nebojsa.doncov, tijana.dimitrijevic@elfak.ni.ac.rs]
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II. MODELLING PROCEDURE 

A. TLM method 
 

In TLM method, a 3D electromagnetic (EM) field 
distribution in a PCB structure in enclosure is modelled by 
filling the space with a network of transmission lines and 
exciting a particular field component in the mesh by voltage 
source placed on the excitation probe. EM properties of a 
medium in the substrate and enclosure are modelled by using 
a network of interconnected nodes. A typical node structure is 
the symmetrical condensed node (SCN), which is shown in 
Fig. 1. To operate at a higher time-step, a hybrid symmetrical 
condensed node (HSCN) [3] is used. An efficient 
computational algorithm of scattering properties, based on 
enforcing continuity of the electric and magnetic fields and 
conservation of charge and magnetic flux, is implemented to 
speed up the simulation process. For accurate modelling of 
this problem, a finer mesh within the substrate and cells with 
arbitrary aspect ratio suitable for modelling of particular 
geometrical features, such as microstrip track, are applied. 
External boundaries of arbitrary reflection coefficient of 
enclosures are modelled in TLM by terminating the link lines 
at the edge of the problem space with an appropriate load. 

 

 
Fig. 1. Symmetrical condensed node 

 
B. Compact wire TLM model 

 
In TLM wire node, wire structures are considered as new 

elements that increase the capacitance and inductance of the 
medium in which they are placed. Thus, an appropriate wire 
network needs to be interposed over the existing TLM 
network to model the required deficit of electromagnetic 
parameters of the medium. In order to achieve consistency 
with the rest of the TLM model, it is most suitable to form 
wire networks by using TLM link and stub lines (Fig. 2) with 
characteristic impedances, denoted as Zwy and Zwsy, 
respectively. 

An interface between the wire network and the rest of 
TLM network must be devised to simulate coupling between 
the electromagnetic field and the wire.  

In order to model wire elements, wire network segments 
pass through the centre of the TLM node. In that case, 

coupling between the field and wire coincides with the 
scattering event in the node which makes the scattering matrix 
calculation, for the nodes containing a segment of wire 
network, more complex. Because of that, an approach 
proposed in [6], which solves interfacing between arbitrary 
complex wire network and arbitrary complex TLM nodes 
without a modification of the scattering procedure, is applied 
to the modelling of microstrip structures. 

The single column of TLM nodes, through which wire 
conductor passes, can be used to approximately form the 
fictitious cylinder which represents capacitance and 
inductance of wire per unit length. Its effective diameter, 
different for capacitance and inductance, can be expressed as 
a product of factors empirically obtained by using known 
characteristics of TLM network and the mean dimensions of 
the node cross-section in the direction of wire running [6]. 

Following the experimental approach that using inner 
conductor of coaxial guide as a probe, numerical 
characterisation of EM field can be done by introducing wire 
ports at the interface between wire probes and enclosure 
walls. 

 

V

y TLM  node

w ny Vw py

Vwsy

Zw y Zw y

Zwsy

 
Fig. 2. Wire network 

III. NUMERICAL RESULTS 

TLM simulations are carried out to determine the EM 
emissions from basic PCB structure in form of the test board 
with a microstrip printed on the dielectric substrate, placed in 
metallic enclosure with an aperture [5]. For verification 
purposes, the numerical TLM results of EM emissions from 
this board are compared with reference results based on 
equivalent dipole simulations and measurements [5]. 

The basic test PCB is a 2-mm wide L-shaped microstrip 
track (l1=40mm, l2=20mm) on one side of a PCBx× PCBy× 
PCBz=(80×50×1.5)mm3 board made from FR4 substrate with 
relative permittivity εr =4.5. The geometry of the board is 
shown in Fig. 3. The test board PCB is mounted on the bottom 
of an enclosure in the form of rectangular metallic box with 
dimensions a×b×c=(284×204×75)mm3. The PCB is powered 
by external RF signals via probe (with radius of 0.5mm) 
placed at one end of microstrip track (point A).  

 

 
Fig. 3.  Geometry of basic test PCB  
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It this structure, the enclosure is modeled through setting 
reflection coefficients of boundaries, while feed and 
terminated probes are modeled through compact wire model 
applying generator and loads in TLM wire ports at the ends of 
microstrip track. Also, the aperture is incorporated into the 
TLM model together with the enclosure, in order to simulate 
the real enclosed environment problem. According to the 
experimental setup, an aperture with dimensions a1×b1= 
(60×10)mm2, placed on top wall of the enclosure above the 
PCB, is modeled (Fig 4). 

 

 
Fig. 4.  TLM model of basic test PCB in enclosure with aperture 

 
When a PCB is inside an enclosure, it is of particular 

interest to investigate the behavior near the resonant 
frequencies of the enclosure. Since the PCB causes difference 
in frequency and also changes peak field magnitude, the 
modeling of PCB elements is essential in enclosed 
environment simulations. Therefore, numerical results of 
resonant frequencies in the modeled closed environment 
structure with the PCB are analyzed.  

Fig 5. presents the TLM simulation results of resonant 
frequencies obtained from vertical electric field (Ez) sampled 
at point z=35mm above the PCB, (x=210mm, y=108mm). 
Presented results of resonances, presented in Table I, are in a 
good agreement with results based on simulations and 
measurements [5]. The difference in frequency can be caused 
from features not included in the numerical model, such as 
probe used for EM field monitoring in practice [5]. 

Fig. 6 shows the simulation results of Ez field component 
at resonant frequencies, along two x lines, sampled at points 
z= 35 mm and z= 90 mm above the PCB representing EM 
emissions inside and outside enclosure, respectively. The 
patterns of Ez given by the TLM simulation at resonant 
frequencies (Fig.6.a), illustrating EM field distribution of an 
enclosure due to the physical presence of a PCB and aperture, 
have very good agreement with corresponding results based 
on equivalent dipole simulations and measurements [5]. 
Obtained patterns confirm that modeling of the dielectric and 
track of a PCB as well as aperture is essential in enclosed 
environment simulations. Since the results of Ez field 
component at resonant frequencies outside the enclosure 
(Fig.6.b), are sampled at points 15 mm above the aperture, 
TLM mesh is extended to the space above top wall of the 
enclosure, where the aperture is placed. It can be seen that 
emissions outside of enclosure are much smaller compared 
with levels at corresponding resonances inside the enclosure.  

Obtained numerical results illustrating patterns of EM 
emissions confirm that the impact of the aperture is not 
critical for resonances (frequency shifting is less than 1%) 
because its dimension is much smaller than the volume of the 
enclosure so that do not disturb EM field distribution inside 
the enclosure. Only in the case of the second resonance (at 
1276 MHz) having peak corresponding to the aperture 
position, x=(180÷240)mm, the level of EM field is slightly 
lower than first peak. However, aperture presence 
considerably increases the level of EM field radiated outside 
the enclosure which should be taken into account when 
emission EMC compliance test of PCB is conducted. The 
patterns representing EM emissions outside the enclosure are 
different from corresponding results representing emissions 
inside enclosure and dominantly determined by aperture 
position. Also, the position of EM emissions peaks are 
different at particular resonances and shifted from the aperture 
center (x=210mm) toward nearest corresponding peak of field 
magnitude inside enclosure.  

 
Fig. 5.  TLM numerical results of vertical component of electrical 

field from basic test PCB in enclosure with aperture 
 

TABLE I 
COMPARISON OF MEASURED AND TLM RESULTS  

 

Resonant 
frequencies 

(MHz) 

Measured 
[5] 

TLM simulation 

Without 
aperture 

With 
aperture 

PCB in 
enclosure  

900 906 894 
1290 1284 1276 
1740 1750 1737 

IV. CONCLUSION 

Starting that one of the main interests in EMC tests is the 
intensities and distributions of the radiated fields from 
equipment under test (EUT), results are presented here of the 
EM emissions from basic PCB structure. A method applied to 
determine radiated emissions from a PCB using a model based 
on TLM modelling of a test board in an enclosure with an 
aperture, to account for the interactions between the physical 
presence of the PCB and the enclosure. The patterns of EM 
emissions at enclosure resonances inside and outside the 
enclosure with aperture and impact of aperture on EM 
emissions are analyzed.  

75



 
 
 

The values of resonances obtained using TLM simulation 
are compared with reference values found experimentally by 
observing the field magnitude inside the enclosure. 
Comparing with measurements, the simulation results of test 
boards show that the inclusion of basic features, such as the 
microstrip track and substrate, in addition to the wires 
elements for feeding and terminations, permit an accurate 
prediction of emitted fields to be made in enclosures that have 
interactions with the PCBs inside. Also, according to 
presented results based on examples of basic test PCB in 
enclosure, it is found that the good agreement has been 
achieved between results obtained by using TLM method and 
those obtained by using the equivalent dipole and 
measurements. 

Generally, it is demonstrated here that the TLM method 
have the potential to characterize emissions from PCB 
structures in realistic environments such as an enclosure with 
an aperture and making it possible to perform system EMC 
studies. 
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   f1 = 894 MHz          f2 = 1276 MHz    f3 = 1737 MHz 

   
a) 

 
b) 

Fig. 6. Patterns of Ez at resonant frequencies, given by the TLM simulation of PCB in enclosure: a) inside, b) outside the enclosure 
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The level crossing rate of the ratio of product of two k-μ 

random variables and k-μ random variable 
Časlav Stefanović1, Danijel Đošić1, Dušan Stefanović2, Miloš Perić1, Mihajlo Stefanović1, 

Stefan Panić1

Abstract –In this paper the ratio of product of two k-μ random 

variables and k-μ random variable, but also, the ratio of k-μ 

random variable and product of two k-μ random variables are 

considered. The joint probability density function of the ratios 

and its first derivatives are calculated. Furthermore, the average 

level crossing rate of those ratios are evaluated. Numerical results 

are graphically presented to show the influence of parameters of 

fading on system performance. 

 

Keywords –Level crossing rate (LCR), k-μ distribution. 

 

I. INTRODUCTION 

The ratio of random variables is important performance in 

analysis of wireless communication systems operating over 

fading channels. Statistics of the ratio of random variables 

enables evaluation of outage probability, bit error probability 

and capacity of wireless communication systems. Signal 

envelope and co channel envelope experience small and large 

scale variation in the presence of fading. Short term fading is 

result of multipath propagation due to refraction, reflection, 

diffraction and scattering of radio wave. Long term fading is 

result of large obstacles and large deviation in terrain profile 

between transmitter and receiver. The co channel interference 

is interfering signal at the same frequency. Signals from two or 

more channels of different location and at the same frequency 

interfere. In interference limited environment level of co 

channel interference is sufficiently high as compared with 

thermal noise, so the noise can be ignored in performance 

analysis. In this channel the ratio of signal and co channel 

interference envelope is important performance measure of 

communication systems. In this paper, the ratio of product of 

two random variables and random variable is considered. In 

paper [1], the ratio of product of two α-μ random variables and 

α-μ random variable is calculated and probability density 

function is obtained. By using this result, bit error probability 

and outage probability of wireless communication system over 

composite α-μ multipath fading in the presence of co channel 

interference subjected to α-μ multipath fading can be 

evaluated. The product of two random variables in the 

nominator of the ratio can represent desired signal envelope 

affected simultaneously to two multipath fadings. The random 

variable in denominator of the ratio can represent co channel 

interference envelope subjected to multipath fading. 

In paper [2], the ratio of random variable and product of two 

random variables is analyzed. The probability density function 

and cumulative distribution function of ratio of α-μ random 

variable and the product of two α-μ random variables are 

evaluated. Random variable in nominator of the ratio can 

represent desired signal in the presence of multipath fading. 

The product of two random variables in the denominator of the 

ratio can represent co channel interference envelope which 

suffer simultaneously from two multipath fadings. The 

expression for probability density function can be used for 

evaluation of bit error probability, outage probability, and 

capacity of wireless communication system operating over 

multipath fading channel in the presence of co channel 

interference subjected simultaneously to two multipath 

fadings.  

In paper [3], the ratio of two product of two random 

variables is considered. The probability density function and 

cumulative distribution function of the ratio of two products of 

two α-μ random variables are calculated. The product of two 

random variables in the nominator of the ratio can represent 

desired signal envelope subjected simultaneously to two 

multipath fadings. The product of two random variables in 

denominator of the ratio can represent co channel envelope 

affected simultaneously to two multipath fadings. The 

expression for probability density function can be used for 

evaluation of bit error probability, outage probability, and 

capacity of wireless communication systems. 

In this paper, the ratio of product of two k-μ random 

variables and k-μ random variable, and the ratio of k-μ random 

variables and product of two k-μ random variables is 

considered.  The average level crossing rate of the ratios of 

random variables is calculated. The k-μ random variable has 

two parameters. The parameter k is related with dominant 

component envelope of fading. The parameter μ is associated 

with the number of clusters of scattering wave. The k-μ 

distribution describes small scale signal envelope fluctuation in 

multipath fading, linear and line-of-sight environments. The k-

μ distribution is general distribution and Rayleigh, Rice and 

Nakagami-m distribution can be derived from k-μ distribution 

as special cases. By setting k=0, k-μ distribution reduces to 

Nakagami-m distribution. For μ=1, from k-μ distribution can 

be derived Rice distribution and for k=0 and μ=1, k-μ 

distribution reduces to Rayleigh distribution.  

The results obtained in this paper can be used in performance 

analyzes of wireless communication system. The proposed 

communication system operates over composite     

multipath fading channel in interference limited environment. 

Co  channel interference is affected to     multipath fading. 

In interference limited environment the level of interference is 
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sufficiently higher as compared to noise power so the 

interference of noise on system performance can be ignored. 

This paper is organized in the following sequence. In section II 

the ratio of the product of two k-μ random variables and k-μ 

random variable is calculated. In section III the level crossing 

rate of ratio of k-μ random variable and product of two k-μ 

random variables is evaluated. Section VI concludes the work. 

II. RATIO OF THE PRODUCT OF TWO      
RANDOM VARIABLES AND     RANDOM 

VARIABLE 

Random variables x, y and z follow k-  distribution [4]. 
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The ratio of the product of two k-μ random variables x and y 
and k-μ random variable z is  
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[5]. The mean value of  ̇ is zero. The variance of  ̇ is  
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The joint probability density function of  ̇  w, y and z is  
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After substitution of (14), (15) and (16) in (13), the joint PDF 
of     ̇  becomes 
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The level crossing rate of the ratio of product of two k-μ 
random variables and k-μ random variable is [4] 
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Fig.1 LCR for different Ω1, Ω2 

Fig.2 LCR for various parameters k and μ  

In Figures 1 and 2, the average level crossing rate of the ratio 
of product of two k-  random variables and k-  random 
variable is presented in term of signal envelope. In figure 1, the 
influence of input signal power on average level crossing rate 
is shown. In Figure 2, the influence of parameter   on average 
level crossing rate is shown. As parameter   increases, for 
various signal envelope values, the average level crossing rate 
increases. Furthermore, as the parameter k increases, average 
level crossing rate, also increases. 

III. RATIO OF     RANDOM VARIABLE AND 

PRODUCT OF TWO     RANDOM VARIABLES 

In this section, the ratio of k-  random variable and product of 
two k- random variables is considered. The k-  random 
variable in the nominator can represent desired signal envelope 
subjected to multipath fading. The product of k-  random 
variables can represent cochannel interference envelope 
affected, simultaneously, to two k-  fadings. The ratio is  

     
 

  
        

The first derivative of z is now 
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The mean of  ̇ is zero. The variance of   ̇ is now
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The conditional Gaussian distribution of  ̇ is now 
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Similar mathematical apparatus is used like in (22)-(25) 
considering the ratio of k-  random variable and product of 
two k-  random variables. 

The level crossing rate of the ratio of k-  random variable and 
product of two k-  random variables is 
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Fig.3 LCR for different Ω1, Ω2 

Fig.4 LCR for different parameters Ω1, Ω2, k and μ 

In Figures 3 and 4, the average level crossing rate of the ratio 
of     random variable and product of two     random 
variables is presented versus output signal envelope of wireless 
communication system operating over     multipath fading 
environment. In figure 3, the influence of input signal envelope 
power is shown. In figure 4 the influence of parameters k and 
  on level crossing rate is presented.   

IV. CONCLUSION 

In this paper the ratio of product of two k-μ random variables 

and k-μ random variable, but also, the ratio of k-μ random 

variable and product of two k-μ random variables are 

considered. The joint probability density functions of the 

analyzed ratios and its first derivatives are derived. Also, level 

crossing rate of those ratios are calculated. Considering the 

ratio of product of two k-μ random variables and k-μ random 

variable, the product of two random variables in the nominator 

of the ratio can represent desired signal envelope affected 

simultaneously to two independent multipath k-μ  fadings. 

Considering the ratio of  k-μ random variable and k-μ random 

variables, the   random variable in the nominator of the ratio 

can represent desired signal envelope affected simultaneously 

to two independent multipath k-μ fadings. The product of k-μ 

random variables in denominator of the ratio can represent 

cochannel interference envelope subjected to two multipath k-

μ fadings. In interference limited, k-μ multipath fading line-of-

sight environment, the ratio of product of two k-μ random 

variables and k-μ random variable, and also the ratio of k-μ 

random variables and product of two k-μ random variables can 

represent signal-to-interference envelopes ratios and can be 

used for calculation of system performances such as the outage 

probability, bit error probability and system capacity. In this 

paper the second order system performances are evaluated such 

as average level crossing rate, the joint probability density 

function and its first derivatives. This results are shown 

graphically for different parameters. 
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Second order statistics of MRC receiver over α-μ 

multipath fading channels 
Danijel Đošić1, Časlav Stefanović1, Petar Spalević2, Negovan Stamenković2, Nataša 

Kontrec2, Milena Petrović2

Abstract –Maximal ratio combining (MRC) receiver in the 

presence of α-μ is considered. Average level crossing rate of 

output signal of wireless communication system with MRC 

receiver operating over multipath fading channel is evaluated. 

The expression for level crossing rate can be used for calculation 

of average fade duration of wireless system. Dual and triple MRC 

receivers are analysed. Numerical results are presented 

graphically to show the influence of fading parameters on system 

performances.  

 

Keywords –Level crossing rate, maximal ratio combining, α-μ 

fading 

 

I. INTRODUCTION 

Multipath fading limits system performance and system 

capacity. Short term fading is result of multipath propagation 

due to refraction, reflection, diffraction and scattering of radio 

wave. There are several fading models which can be used for 

description of signal envelope variation. The most frequently 

used distribution Rayleigh, Nakagami-m, Weibull and α-μ. α-

μ distribution can be used to describe signal envelope variation 

at output of wireless communication systems operating over 

multipath fading nonlinear and nonline-of-sight environments. 

The α-μ distribution has two parameters. Parameter α is related 

to nonlinearity of environment while the parameter μ is 

associated with the number of clusters of propagation waves. 

Some fading distribution for description signal envelope 

variation can be used assuming a homogeneous diffuse 

scattering field. In fading environments, the surfaces of the 

diffuse scattering field can be spatially correlated 

characterizing a nonlinear medium [1]. The α-μ distribution is 

proposed to explore the nonlinearity of the propagation channel 

[2]. This distribution is general distribution and Rayleigh, 

Nakagami-m, Weibull can be derived from this distribution. By 

setting α=2, Nakagami-m can be obtained from α-μ 

distribution. For α=1 α-μ distribution reduces to Weibull 

distribution. By setting μ=1 and α=2, Rayleigh distribution is 

derived and for μ=0.5 and α=2, α-μ approximates one sided 

Gaussian distribution. There are several diversity combining 

techniques which can be used to reduce fading effects on 

system performances [3]. Diversity reception using multiple 

antennas of the receiver is efficient technique to increase 

quality of service of wireless communication systems. The 

most popular combining techniques are maximum ratio 

combining (MRC), equal gain combining (EGC) and selection 

combining (SC). The MRC technique is optimal solution. The 

MRC technique requires channel state information available at 

the receiver. It is why, this combiner is the most complex for 

implementation. The outage probability, bit error probability, 

signal mean value, signal square value and channel capacity 

are the first order performances of the system. The level 

crossing rate and average fade duration are the second order 

performance of systems. In this paper the level crossing rate for 

dual and triple MRC receiver operating over α-μ are calculated 

[4]. Discussions about second order statistics in the presence of 

various diversity techniques can be easily found in literature 

[5-7]. The average fade duration is ratio of outage probability 

and average level crossing rate. The outage probability is the 

probability that output signal of MRC receiver falls below the 

outage threshold. Upgrade transmission reliability without 

increasing transmission power and bandwidth can be obtained 

by providing the receiver with multiple fade replica of the same 

information signal. The MRC output signal-to-noise power 

ratio is equal to the sum of the signal-to-noise power ratios of 

MRC receiver inputs. If the equal noise power at MRC inputs 

is assumed, the signal power of MRC output is equal the sum 

of signal power at MRC inputs.  In this paper second order 

performances of dual MRC receiver operating over multipath 

α-μ fading channel are considered.[11-13]. 

II. MRC WITH TWO INPUTS 

In this paper maximal ratio combiner with two inputs is 

considered. Multipath α-μ fading at inputs is presented. The 

short term α-μ fading is independent and identical. In this 

paper, the average level crossing rate of output signal of MRC 

receiver in the presence of α-μ fading is calculated. The results, 

obtained in this paper, can be used for the case, when Rayleigh, 

Weibull and Nakagami-m are presented. For different 

parameters values α and μ, α-μ distribution reduces to 

Rayleigh, Weibull, Nakagami-m distribution. 

The α-μ random variables   and    of inputs of MRC are [8] 

      
 

  

      
 

  

where   and  are Nakagami-m random variables with 
probability density functions 
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The squared random variable z is equal to the sum of squared 
random variables    and    
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where are                             Gaussian random 
variables. The first derivative of previous expression is 
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The first derivatives    ̇     ̇       ̇     ̇     ̇       ̇  have 
Gaussian distributions. The linear transformationof Gaussian 
random variables is Gaussian variable. Therefore, random 
variable  ̇ has conditional Gaussian distribution. The means 
values of     ̇     ̇       ̇  and    ̇     ̇       ̇  are zero. 
Therefore the mean value of  ̇ is zero. The variance of  ̇ is 
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The variances,     ̇
      ̇

 
        ̇

 
 are equal 

     ̇
       ̇

          ̇
        

    
  

where   is maximal Doppler frequency
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After substituting (8) and (9) in (7), variance of  ̇ becomes 
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From (5) 
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The variance of  ̇ in terms of z and   is 
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The conditional probability density function of the first 
derivative of MRC output signal envelope is 
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The joint probability density function of  ̇  z and    is equal to 
the product of the conditional probability density function of   ̇ 
and joint probability density function of z and    
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The joint probability density function of z and    is equal to the 
product of the conditional probability density function of z and 
probability density function of    
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The conditional probabilitydensityfunction of z can be obtained 
using transformation method 
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By substituting (15), (16) and (17) in (14), the joint PDF of  ̇  z 
and    becomes 
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The joint probability density function of z and  ̇ is 
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The level crossing rate of MRC output signal envelope is 

    ∫  ̇   ̇(  ̇)
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Fig. 1. LCR for dif.       

In Figure 1. is shown the average level crossing rate versus envelope 

of signal for different values of signal envelope input power. For 

lower values of signal envelope level crossing rate increases and for 

higher values of signal envelope level crossing rate decreases. In 

Figure 1. the influence of parameters           on average level 

crossing rate is also shown. As power of inputs signal envelope 

increases the level crossing rate increases. 
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The expression for level crossing rate can be used for 
calculation of the average fade duration of wireless 
communication system using dual MRC space diversity 
technique operating over α-μ multipath fading channel in 
nonlinear and non-line-of-sight environment. 

Fig. 2. LCR for dif. parameters m 

 

In Figure 2. the influence of parameter m on average level crossing 

rate is shown. The parameter m is associated to the number of clusters 

of propagation environment. As parameter m increases then level 

crossing rate increases. For lower values of signal envelope, when 

parameter m has higher values, average level crossing rate decreases.  

These values of signal envelope are important in performance analysis 

of wireless communication systems. 

Fig. 3. LCR for dif. parameters α 

In Figure 3. the influence of parameter α on the average level 
crossing rate is presented. The parameter α is related with 
nonlinear environment. As the parameter α increases, the level 
crossing rate, also, increases. 

III. MRC WITH THREE INPUTS 

In this section, the average level crossing rate of output signal 
envelope of wireless communication system with space 
diversity MRC receiver with three inputs operating over α-μ 
multipath fading environment is determined. The inputs signal 
envelopes are        and  Signal envelope at the output of 
MRC receiver is z. The random α-μ variables       and   are 

      
 

  

      
 

  

      
 

  

where     and  follows Nakagami-m distribution 

The first derivative of z now is 
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The variance of  ̇ is now 
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Nakagami-m random variable    is 
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The variance of  ̇ in terms of z,   and   is now 
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Similar mathematical apparatus is used like in (12)-(18) 
considering three inputs of MRC. 

The level crossing rate of MRC output signal envelope in this 
case is [10] 
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The expression for level crossing rate can be used for 
calculation of the average fade duration of wireless 
communication system using triple MRC space diversity 
technique operating over α-μ multipath fading channel in 
nonlinear and non-line-of-sight environment. 

 

IV. CONCLUSION 

In this paper maximal ratio combining technique is 

considered. Analyzed MRC has two and three inputs.Statistics 

of second order of MRC output signal envelope such as level 

crossing rate of wireless communication systems is evaluated. 

The considered wireless communication system operates over 

α-μ multipath fading channel. α-μ distribution describes small 

scale signal envelope variation in nonlinear and non-line-of-

sight environment. Results are shown graphically for different 

parameters. 
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Development of Mobile Backhaul and Transport 
Demands 

Maja Kukulovska1 and Liljana Gavrilovska2 

Abstract – Transport demands for migration towards the 
packet mobile backhaul are one of the most interesting topics 
nowadays between telecom operators that are planning and 
investigating the demands for introducing packet backhaul 
through their network. Broadband access no longer means fixed 
connection. Recently, broadband services are also offered by 
mobile operators. Fundamental objective of LTE is to offer 
higher data rates, with reduced packet latency that delivers more 
responsive user experience, especially for interactive services. 
This paper summarizes the implications on transport network of 
introducing packet backhaul and provides comparisons to 
available access technologies. This paper presents practical 
results from measurements using monitoring tools (IP monitor 
and HP Business availability center). 
 

Keywords – LTE, mobile backhaul, transport demands. 
 

I. INTRODUCTION 

New services, applications and forms of communication in 
everyday life are key drivers for implementation of new 
mobile technology that will enable additional revenue for the 
mobile operator. New technologies enable mobile systems to 
become compatible with fixed systems according to the 
performance, including bit rate to the customer. New 
generation of mobile networks enable bit rates up to 
100Mbps. The scientific communities have been increasingly 
working on defining the next generation of mobile systems. 
Possible candidate for next generation are LTE and LTE-
advanced, defined by GSM Association. The large number of 
installed 2G/3G systems drives the need for continued support 
of legacy TDM backhaul in the years to follow, but on the 
other hand new technologies require new backhaul that will 
enable larger throughput. Therefore, smooth migration has to 
be done in order to lower the total cost of ownership for the 
operator. LTE offers a smooth evolutionary path to higher 
data rates and lower latency. 

The paper is organized as follows. Section II briefly 
describes the transformations of the networks, technologies 
and services. Section III elaborates the consequences and 
opportunities that arise from introduction of packet networks 
instead of legacy TDM networks. It covers access 
technologies, comparing their round trip time and jitter.  
Finally, section IV provides some strategy guidelines towards 
the best migration scenario.  

II. TECHNOLOGIES AND NETWORKS 
TRANSFORMATION 

The mobile networks as primary choice for voice and data 
communications are looking for new backhaul solutions. 
Mobile technologies are classified in different generations 
(2G/2.5G/3G/4G). Every generation brings new services, 
higher data rates and larger capacity. Different standardization 
bodies and forums (3GPP/3GPP2/ETSI/ITU) approve 
standards and recommendations for advanced technical 
solutions to support every new generation. 

The Figure 1 presents the transformation of the cellular 
concept and the mobile networks during the years. 

 

 
 

Fig. 1. Networks’ transformation 
 
Over the last decades, radio technologies have rapidly 

progressed and involved. Everything started with simple 
devices that were used for traditional voice and new service at 
that time. These services required only 114kbps. But after a 
process of market saturation from the traditional services 
mobile operators searched for new advanced services that 
were supposed to help them in order to increase the revenue.  

This evolved into 3G where new sophisticated handheld 
devices were introduced. These devices brought larger 
bandwidth requirements for the new services (e.g. web 
browsing, video streaming). These new services required 
larger bandwidth and were introduced on the market with new 
technologies, such as UMTS (Universal Mobile 
Telecommunications System). UMTS enables up to 384kbps 
for R99 handsets, 7.2Mbps for HSPA (High Speed Packet 
Access) devices and up to theoretical data Speed Packet 
Access) devices and up to theoretical data transfer of 40Mbps 
using HSPA+ in the network.  

With introduction of LTE (Long Term Evolution), next 
generation of technologies were presented to the market that 
require packet networks to provide, theoretical data rates up to 
100Mbps. Simple SMS and e-mail communications were 
replaced with faster connections that enable real mobile 
applications, real time video, music and other multimedia 
applications. 4G networks are approaching data rates 
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providing by fixed broadband access technologies and 
customer experience of traditional DSL and cable 
connections. 

III. PACKET BACKHAUL’S IMPLICATIONS ON 
TRANSPORT NETWORK  

Every new mobile technology is opening new revenue and 
business opportunities for operators to satisfy user’s 
expectations of continuous connectivity. According to the 
latest estimation from Cisco visual networking index [1], by 
2016 global IP traffic will reach 1.3 zettabytes annually with 
about 3.4 billion Internet users, which is more than 45% of 
world predicted population. This indicates that number 1 
driver for new backhaul technology is traffic. The bandwidth 
increase primary will be on best effort data user’s services.  

The growth of mobile data traffic surprises the mobile 
operators. In their predictions, data traffic volume is growing, 
while in same time the revenue per megabyte declines, due to 
increased competition and offers for flat prices. In order to be 
more competitive on the market, mobile operators have to be 
prepared not only for new transport and backhaul demands but 
also for the new technology. Correspondingly the growth in 
traffic should be translated into an opportunity for new 
revenues.  

New data rates and capacities introduce problems in the 
mobile backhaul networks for the providers. This will require 
not only bigger capacities in the transport network, but also 
fundamental shifting from legacy TDM transport to packet 
transport necessary for 4G. The impact of 4G to mobile 
backhaul transport is important for development of efficient 
and cost-effective transport solution that will satisfy 
expectations of mobile operators for performances (delay, 
jitter, and synchronization), availability and costs. 

Ethernet/IP technology is the most suitable solution for 
upgrade of existing mobile TDM backhaul between base 
stations and core networks. 

 
A. Packet backhaul implications on transport network 

Although there are advantages from using of Ethernet, it is 
necessary to define changes that need to be done on transport 
network in order to be prepared for new demands. It is 
necessary to fulfill following functionalities in order to have 
competitive packet backhaul: 

Capacity: the required throughput to the base station these 
days is around 30-40Mbps, but it is expected that with LTE 
introduction it will be at least 100Mbps. Therefore, the 
adopted solution has to be scalable in order to support flexible 
extension of the capacity; 

Latency: The solution has to support low latency. For LTE 
e2e latency has to be up to 10ms; 

Quality of service: Services offered by mobile networks are 
treated on an end to end basis. Therefore, the mobile network, 
transport as well as backhaul, have to be able to mark 
different CoS (classes of services) and perform prioritization 
of packets. This prioritization will decrease the packet loss in 

the network. Mobile technology standards define classes that 
can be used for traffic classification, but do not define how 
many classes should be used. The total number of classes 
depends of network implementation as well as traffic profile. 
A common implementation uses 4 classes (high, medium, low 
and best effort); 

 Synchronization: With traditional legacy TDM backhaul, 
frequency synchronization is obtained via SDH/PDH 
transmission networks. Basic difference between traditional 
legacy networks is that they are synchronized, while the new 
IP network is non-synchronized. Ethernet is not intended for 
transport of synchronization that is crucial for existing 
applications, especially in cases where there is need for 
emulation between TDM and backhaul network. Migration to 
all-IP packet network means loss of existing traditional clock 
source. Real time content, especially voice has to be 
synchronized in order to maintain mobile voice quality, enable 
handoffs and prevent possible dropped calls. Loss of 
synchronization will result in bad user experience, problems 
with billing and usage of extra frequency spectrum. Several 
standard solutions have been designed to deliver 
synchronization over packet based backhaul and transport 
network: Network Time Protocol, Precise Time Protocol – 
IEEE 1588v2, Synchronous Ethernet. Each of these has its 
own capabilities, strengths and weaknesses. Time accuracy to 
the base station should be around 50ppb (parts per billion) 
according to the G.8261 [2, 3]. 

A. B. Packet based enabling access technologies 
For the existing 2G/3G systems there are few available 

access technologies that can be used for packet backhaul. The 
type of connection that will be used in the backhaul network 
depends of the RAN technology and other factors such as base 
station, throughput requirements etc. Therefore, backhaul 
network consists of one or combination of physical mediums 
and transport mechanisms, as illustrated on Figure 2. 

 

 
 

Fig. 2. Backhaul access and transport network 
 
Nowadays, there are three available access technologies that 

can be used in mobile backhaul: copper, fiber and microwave. 
On the global market, more than 50% of the installed capacity 
is radio technology based. [4] 

Copper. It is envisioned as migration access technology due 
to the fact that is capacity limited, since E1/T1 leased lines 
can offer up to Nx2Mbps, DSL technology can offer up to 
20Mbps, while EFM (Ethernet in the first mile) can offer up 
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to 60Mbps.  Disadvantage of EFM solution is that it consumes 
large amounts of existing copper, and the performance varies 
with copper plant quality. This technology will be useable 
until 2014, due to the fact, that it is not scalable.  After this 
period, its usage will significantly decrease since the base 
stations will require much higher throughput than this 
technology can offer. 

Fiber. It is the most reliable transport medium that has 
almost unlimited capacity (up to NxGbps). Optical 
connections are smoothly replacing copper connections. They 
are mainly available in urban areas, since the deployment in 
rural areas incurs large cost. This alternative is usually time 
consuming and does not provide the necessary flexibilility 
required by LTE.  

Microwave technology. The most adequate alternative since 
it enables maximum capacity and smaller operational 
expenditures. Microwave technology can offer different 
mechanisms for optimization like redundant links, number of 
hops, adaptive modulation, CoS, etc. Since the installation of 
the microwave-based technology is relatively easy, 
implementation is fast. One of the main advantages of using 
microwave in backhaul is that it uses the frequency spectrum 
more effectively with lower costs. Operators use the licensed 
and expensive, lower frequency spectrum in order to 
interconnect mobile devices with base stations, while using 
higher frequencies, for interconnection of base stations among 
each other and with core network. By using microwave 
technology the operators can also deploy infrastructure on 
locations where neither fiber nor copper is available like 
roofs, mountains and other inaccessible locations. However, 
this alternative has some disadvantages like varying weather-
dependent network capacity and line of site requirements. 

A combination of access technologies is necessary to 
implement in order to interconnect some base station with 
central office. On the other hand, while high costs of fiber 
deployment and low terrain availability in rural areas are 
significant barriers for optic. The experience has shown that 
for the Greenfield location for base stations, optical 
connection are more cost effective for short distances up to 
500m, while in rural areas microwaves are more cost effective 
for distances around 1,6km. After 2,5km optic connection is 
costly solution. The latest practical tests have shown that 
microwave is faster than fiber that is illustrated in the Figure 
3.  

These tests were done on real telecom provider network 
with topology presented on Figure 2. Two different L3VPN 
services implemented through IP/MPLS packet core network 
but different last mile technology were analyzed. The tests 
were performed using shadow routers and monitoring tools, 
HP Business availability center and IP monitor. The shadow 
routers were used instead of existing provider edge routers 
since they are used for other customer services. Using of 
shadow routers also enables better flexibility in changing of IP 
SLA (service level agreement) probes without interrupting all 
other services in the real network. During the phase of testing 
following parameters were analyzed: source and destination 
delay, round trip time delay and jitter. In order to have more 
real pictures different scenarios regarding last mile 
technologies, distance from central office, urban vs rural 

environment, throughput of the links were analyzed. In 
general the received results can be divided in two main 
scenarios a) microwave and b) fiber.   
 

 
(a) Microwave 

 
(b) Fiber 

Fig. 3. Round trip time for a) microwave b) fiber access technology 
 

 
(a) Microwave 

 
(b) Fiber 

Fig. 3. Jitter for a) microwave b) fiber access technology 
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These tests are illustrating the performance of the transport 
network and different access technologies since it is measured 
starting from the access where demarcation point is located 
and interconnected to aggregation network using microwave 
or fiber through transport/core network and vice versa. The 
microwave is almost 50% faster than fiber and there is smaller 
variation in the delay (jitter) compared to the fiber. The results 
demonstrate that the observed transport network is satisfying 
the necessary criteria related to round trip time delay and 
jitter.  

IV. MIGRATION SCENARIO  

There is no single migration path that can fit to all different 
operators’ requirements [5, 6, 7]. Transport technology should 
follow all requirements as mobile backhaul migrate from 
legacy TDM to packet infrastructure described above. There 
are two main scenarios for migration from legacy networks to 
Ethernet. Which of these scenarios will be used depends 
mostly on the type of base station and the availability of 
Ethernet interfaces.  

The hybrid backhaul offloads data traffic originating from 
new data services that require large bandwidth into a separate 
dedicated data transport network, while continuing to use 
existing transport network (PDH/SDH) for voice traffic. 

 

 
Fig. 4. Hybrid backhaul scenario 

 
The full packet backhaul creates unified, converged 

transport network that is equally suitable for transportation of 
new data services and existing voice services. 

 

 
Fig. 5. Full packet backhaul scenario 

The full packet backhaul is future proof and preferable 
solution from provider’s perspective. This network design is 

target for all operators. But this scenario requires support of 
synchronization through packet network. In terms of 
synchronization, most suitable solution is a combination of 
both, SyncE and 1588v2. Since SyncE requires each node in 
path to be SyncE enabled and at the moment almost more than 
50% of installed equipment in service providers do not 
support SyncE, It is recommended SyncE to be used in the 
core network while 1588v2 to be used in access network.  

After enabling SyncE equipment (which will require some 
time and money), service providers can implement end to end 
SyncE as future proof solution for synchronization through 
packet networks. 

In the first stage, capacities up to hundreds Mbps will be 
enough to satisfy the demands per base station, but in near 
future these demands will increase, thus it is recommended to 
implement access network with 1Gbps interfaces in order to 
be scalable and flexible for implementation of new services 
and meeting new customer demands. 

V. CONCLUSION 

Driven by the development of data services, network 
convergence as well as need for new services, migration to IP 
base stations i.e. IP backhaul started even though LTE is still 
not implemented by most of the mobile operators. Evolution 
to packet backhaul seems to be ideal way for going forward, 
since Ethernet has lower costs and optimized operational 
costs. 

Fixed operator has to offer less expensive and scalable 
backhaul alternatives for mobile operators than the traditional 
E1/T1 connections. To be more flexible in rollout of new 
services, to meet new requirements, especially with migration 
of mobile voice traffic into packet networks, service providers 
need to evolve their infrastructure, implement new features 
and improve the network. Thus service provider can offer 
more cost efficient, higher capacity Ethernet backhaul 
alternatives to the mobile operators. 
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Active Time-slot Extension in Wireless Sensor Networks  
Mirko Kosanovic1, Mile Stojcev2 

Abstract –In this article we present a technique which makes 
an extension of active time-slot. We apply this extension in order 
to overcome the problem of reliable making connection between 
the sensor nodes (SNs), in a case when SNs operate under harsh 
environmental conditions. Our intent is to show how extension 
affect both on reliable making connection between SNs, and SN`s 
battery energy budget. By implementing this method, an increase 
of battery capacity from 0.00579% up to 0.01013%, per single 
year working period, is needed. 

 
Keywords – reliable connection, active time-slot extension, duty 

cycling, energy efficiency, lost packets 

I. INTRODUCTION 

Wireless Sensor Networks (WSNs) represent a set of tiny, 
inexpensive sensor nodes (SNs), installed in almost all areas. 
They are capable of sensing, processing and communicating 
among each other independently, thus forming a network 
structure completely autonomous. Their capabilities are 
demonstrated in a wide range of different applications 
including environmental monitoring, transportation, security, 
and healthcare [1]. The SNs have limited battery power, so 
prolonging battery life is crucial goal in the design of WSNs 
due to difficulty and high cost associated with replacing or 
recharging exhausted batteries. In general, there are two 
solutions of this problem. The first relates to finding effective 
methods for optimal use of available energy, while the second 
one deals with the usage of natural resources as additional 
sources of energy, i.e. implementation of energy harvesting 
techniques [2].  

In this paper we focus on implementation of a technique 
called duty cycling as one of the basic approach for efficient 
usage of available energy. The point of this technique is that a 
SN most of the time aggressively switches off its electronics 
part and does essentially becomes disconnected from the 
network. In this dynamic environment, it is a major challenge 
to provide correct connectivity to the time-synchronized 
WSN, besides minimizing the energy consumption. As a 
consequence of a SN`s local oscillator frequency instability, 
which causes an error in time synchronization, we introduce 
the an extension of active time-slot. In this way we generate 
enough wide time-slot (window) within which we expected to 
receive the packet, even in a case when several consecutive 
packets are lost. The cost which we pay for involving this 
extension is really a minor increase of battery capacity (<0.01 
% per year). 

II. SN`S REQUIREMENTS FOR TIMESTAMP 
GENERATION  

The SN architecture consists of several building blocks: 
power supply, sensing, computing, communication, and 
optional: mobile unit, coordinate unit, time system 
synchronizer, etc. Time record, within SN architecture, is 
provided in computing block by clock oscillators and timers. 
Two different clock oscillators, referred as system clock 
oscillator (SCO) and local time oscillator (LTO), typically 
drive the SN. The LTO operates without interruption. In order 
to provide time signal for maintaining correct timekeeping 
(local timestamp), the LTO can be configured at scalable rate 
(generates different time units). For example, the popular 
Berkeley Mica mote has 4 MHz SCO and external watch 
crystal oscillator of 32,768 Hz as LTO [3]. The reason for 
using two separate clock generators within SN is the 
following: The LTO operates continually in time, contrary to 
SCO, which decreases or stops CPU activities when enters in 
different power saving modes. During power saving mode the 
CPU loses all timing information. Therefore, the SCO for time 
keeping by itself cannot be used [4]. In our proposal, the LTO 
is used for determining duty cycle periods and creation of 
local timestamp, only. When the CPU enters into active mode 
all time delays are measured with resolution defined by the 
local SCO. In this way, we improve time resolution 
measurement and indirectly decrease the time synchronization 
error. 

Most hardware oscillators have not so stable and precise 
frequency. This means that they never generate accurate time 
intervals by which timestamps are created. Crystal oscillator 
ticks are of slightly different rate due to impact of 
manufacture techniques, ambient temperature, pressure, 
battery voltage, oscillator aging, and other effects. Let the 
crystal oscillator accuracy be in the range from 1 ppm (parts 
per million) up to 50 ppm. This implies that if the nominal 
frequency of a crystal oscillator is only 1MHz, the time 
between two SNs may drift (1-50) μs per second. Even a very 
small frequency deviation would bring a time uncertainty of 
about 0,864 – 4.32 seconds per day [5]. Because of this, 
timestamps in SNs are different. Many applications in WSN 
require tight time coupling. This means that timestamps have 
to be identical in all SNs. In order to realize this, time 
synchronization protocol has to be implemented.  

Synchronized network time is an essential aspect for energy 
efficient scheduling and power management of SNs. It allows 
SNs to shutdown their RF transceivers and other peripherals, 
even microcontrollers, to enter into power saving mode, and 
later to return to normal operating mode. But, accurate clock 
synchronization of SNs within a heterogeneous network is not 
a trivial task. Although all SNs run with the same operating 
frequency, they all have a margin of errors. This means that 
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2Mile K. Stojcev is with the Faculty of Electronic Engineering,
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they do not run at exactly the same speed. This deviation is 
termed frequency error, and is defined as frequency drift. Due 
to the frequency drift, SN may wake-up too soon or too early 
to receive packet. To avoid this shortage we propose that each 
SN piggybacks its own local timestamp during transmitting its 
packet. The receiving SN creates local table in which each 
entry saves a clock difference between the receiving and 
sending SN. In this way, we provide tight time 
synchronization between neighboring SNs [5]. 

III. DUTY CYCLING DEFINITION 

Different techniques for reducing power consumption are 
used, with aim to minimize the energy consumption in SN [2, 
3]. Duty cycling is effective and commonly used technique to 
lower the rate of energy consumption. The idea behind this is 
clear. Keep hardware in a low power sleep state except on 
infrequent instances when the hardware is needed. However, 
duty cycling leads to more complex communication patterns 
that include polling, and scheduling the channel. As the radio 
operation dominates in the SN power budget [6], the main 
way to limit the power consumption is to limit the time for 
which the radio circuitry is switched on. This implies 
intermittently switching the radio on and off. The periods 
during which a SN’s radio is on or off are known as active 
(TON) and inactive (sleep) period (TOFF), respectively. The 
complete working period, T∑, (see Fig. 1) is equal to: 

ONOFF TTT +=Σ   (1) 

The fraction of the time that a SN’s radio is on, in respect to 
the complete time synchronization period, is referred as duty 
cycle (DC), and is defined as:  

procguardOFF

procguardON

TTT
TT

T
TDC

++
+

==
Σ

  (2) 

where Tproc corresponds to the processing time needed for 
sensing, data processing, data storing, and transmitting 
packets; Tguard represents a guard time. During operation, 
the frequency skew results in relative clock drift between 
nodes. As a result, nodes must include a guard time. The 
guard time is equal to the maximum drift, and linearly 
depends on T∑. If sX (Δf/f) is the frequency skew, and T∑ is 
the total working period, then the minimum guard time 
becomes Tguard=2T∑sX. It is obvious that the SNs whose 
active periods do not overlap cannot communicate with each 
other.  

IV. PACKET DELIVERY 

The strength of electromagnetic signals decreases rapidly as 
the distance between the transmitter and receiver increases. In 
addition, a receiver may receive signals not only from the 
intended transmitter but also from other transmitters if they 
are using the same carrier frequency, i.e. interference appears. 
The receiver may receive multiple signals from the same 
transmitter because electromagnetic waves can be reflected 
back from obstacles such as walls, ground, or objects. All this 
makes the signal less recognizable. On the other side, it is well 
known that in industrial environments we have very high level 
of electromagnetic disturbances. As a consequence of all 
aforementioned, we have very high percent of lost packets, i.e. 
the packet rejection ratio is in average in the range from 40 % 
to 70 % [7, 8]. Having this in mind, some modifications of TON 
period during receiving process are necessary to involve, to 
compensating lost packets. In principle, there are two 
solutions for this problem. In the first one, when the SN does 
not receive a synchronization packet in time, it updates its 
local time according to a value obtained during the last 
correctly received packet. This solution is simple but has one 
serious drawback. Namely, when several consecutive packets 
are not correctly received, TON period can slide out of borders, 
within which it is expected to appear. The second solution is 
similar to the first except that in addition it extends its guard 
time, Tguard. In this case, when the SN does not receive 
packet in time, it updates its local time according to the value 
obtained during the last correctly received packets, and in 
addition, in the next synchronization cycle the guard period 
Tguard is prolonged for additional period, Text. In our case, we 
assume that during Tproc, the period Text appears because of 
SCO instability, and time delay needed for creating the 
timestamp during Tproc. For Tproc=10,004 ms, SCO 
frequency of 1 MHz, and frequency instability of 50 ppm, we 
obtain Text = 0.5002 µs. By involving time correction for 
Text, a possibility to miss the TON period, due to instability of 
SCO, in a case when several consecutive packets are not 
correctly received, is drastically reduced. 

During our analysis, we assume that the probability density 
function (PDF) of all missed packets corresponds to Binomial 
one, while for consecutively missed packets to Normal 
Gaussian distribution. According to the aforementioned, Eq. 
(2) can be written as: 
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where the limit value n depends on the value of a standard 
deviation, σ. Without loss of generality, we take that nmax = 
26, because the probabilities for all σ values are almost equal 
to zero for n>26 (see Fig. 2). Equation (2) defines the 
relationship among active, sleep and guard periods. Here Text 
corresponds to the average error during receiving all packets; 
i is the number of consecutively missed packets; νi is the 
probability of consecutively missed packets; k is a total 

  
Fig. 1. The complete SN`s working period 
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number of lost packets; and m corresponds to the total number 
of delivered packets. 

V. PROPOSED SOLUTION EVALUATION 

A. Average current 

Our solution uses duty cycling. The CPU of SN is based on 
low power microcontroller MSP430F123 and its 
communication part on the RF modulator CC 2420. The 
MSP430 runs in two operating modes, Active with 300 μA at 
1 MHz and 3 V power supply, and Low Power Mode 3 with 
power consumption of 0,7 μA. MSP430 uses two quartz 
oscillators, LTO (32 kHz) and SCO (1 MHz). LTO is always 
active, while SCO is active during Tproc and Tguard 
periods. In transmitting mode the RF modulator consumes 
17.4 mA, in receiving mode 19.7 mA, and in sleep mode 1 
μA. Data transfer rate is 128 kbps and packet length is 64 
byte. The initial duty cycle value, which is used as parameter 
for evaluating the power consumption, can be within a range 
from 1 % down to 0.01 %. The accuracy of a time crystal 
oscillator, Sx, is 50 ppm. The capacity of a Lithium-ion 
battery is 560 mAh. A sensor MS55ER for barometric-
pressure, with average current consumption of 1 mA, is 
connected to the SN. 

The average current consumption, IAVR, during the period 
T∑ is equal to: 
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where TON=Tproc+Tguard; and IACPU , IARF , Isen and ISCPU, ISRF 
correspond to current consumption of the CPU, transceiver, 
and sensor, respectively, during  time period TON (active) and 
time period TOFF (sleep),  respectively. Substituting Eq. (2) 
into Eq. (4), we obtain:  

)()1()( SRFSCPUsenARFACPUAVR IIDCIIIDCI +∗−+++∗=  (5) 

B. Distribution of consecutively lost packets  

Packet delivery is a result of the signal to noise ratio (SNR). 
The SNR describes how strong the intended RF signal is in 
comparison to additive Gaussian noise. SNs with build-in RF 
modulator CC2420 usually use the receive signal strength 
indicator (RSSI) as the estimator of the link quality. In 
general, links with an average RSSI above -87 dBm are good 
links. Below this threshold, there is no clear correlation to 
RSSI. Detailed empirical analysis, which relates to 
distribution of packets delivery, can be found in [7].  

In WSN environment, the influence of externally induced 
magnetic fields, interference, multipath reflections, noise, and 
other disrupting traffic factors, is commonly present. Due to 
this, a large number of packets are received with errors. 
Packets with errors are rejected by the receiver. Each lost 

packet has impact on error appearance in time 
synchronization. This error increases as the number of 
consecutively lost packets increases.  

The amount of a DC factor has direct impact on SN`s power 
consumption. Tguard as constituent of Ton (see Fig. 1), is 
component of variable time duration and in our proposal, 
according to Eq. (3), directly depends on the number of 
consecutively lost packets. In order to determine the 
probability of consecutively lost packets we use Normal 
Gaussian distribution. The results which relate to the number 
of consecutively lost packets for different values of σ 
(standard deviation) are presented in Fig. 2. The standard 
deviation, σ, corresponds to the number of packets that 
deviate from the average value of the total number of lost 
packets. As the distance between a sender and receiver 
increases, the strength of a received signal decreases (the 
signal to noise ratio decreases and link operates close to noise 
floor) the number of lost packets increases, too. A 
combination of all aforementioned effects, results in different 
PDF values, whose effects are sketched in Fig. 2. In general, 
curves denoted with lower σ values (see Fig. 2), are typical 
for shorter distance between the sender and receiver. This 
means that for shorter distances the dispersion of 
consecutively lost packets is smaller (i.e. narrower). 

C. Power consumption and battery capacity 

Taking into account the results presented in Fig. 2 
according to Eqs.(2), and (5), we can determine now in which 
way the number of lost packets have impact on SN`s power 
consumption. Our analyze includes SN`s power consumption 
with SCO of 1 MHz., for a period of one year, with different 
T∑ ( 1s, 1 min, 1 h), and for standard deviation σ=2. The 
calculated results which relate to the average current IAVR, DC 
factor, and battery capacity (BC), are given in Table 3. Let 
note that our analysis takes into account the consumption of 
SN needed to carry out the communication among SNs, only. 
It did not include other activities of the SN such as: A/D and 
D/A conversions, data processing, data storing, packet 
transfer, packets aggregation, routing, and so on.  

For one-year working period, the increase of BC with 
respect to its full capacity, when the duty cycle extension is 
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implemented, is given in Table 3. In a concrete case duty-
cycle extension is achieved by prolonging the time duration of 
a guard period, Tguard. For IPI equal to one second, and for 
PRJR in the range from 40 % to 70 % the increment of BC is 
always less than 0.01 %. These results imply that due to duty 
cycle extension higher reliability in time synchronization (for 
a case when large number of packets is lost) is achieved, at the 
cost of very low ( < 0,01 %) increase of battery capacity.  

 
TABLE 1. 

NEEDED BATTERY CAPACITY FOR ONE YEAR PERIOD 
 IAVR [µA] DC [%] BC [mAh] Increasment 

of BC [%] PRJP1=70 % 
T∑=3600 3.858317 0.010279 33.79885355 0.00016 
T∑=60 s 7.304285 0.026689 63.98554074 0.00498 

T∑=1 s 214.3505 1.012703 1877.710412 0.01013 

PRJP2=60 %  
T∑=3600 3.858316 0.010279 33.79884622 0.00014 

T∑=60 s 7.304234 0.026689 63.98508973 0.00428 
T∑=1 s 214.3474 1.012689 1877.68327 0.00869 

PRJP3=50 %  
T∑=3600 3.858315 0.010279 33.79883876 0.00012 
T∑=60 s 7.304182 0.026689 63.98463767 0.00357 
T∑=1 s 214.3443 1.012674 1877.65612 0.00724 

PRJP4=40 %  
T∑=3600 3.858314 0.010279 33.79883117 0.00010 
T∑=60 s 7.304131 0.026688 63.98418463 0.00286 

T∑=1 s 214.3412 1.012659 1877.628962 0.00579 

PRJP0=0 %  
T∑=3600 3.85831 0.010279 33.79879793 1 
T∑=60 s 7.303921 0.026688 63.9823507 1 

T∑=1 s 214.3288 1.0126 1877.520164 1 

 
Diagrams that show the needed BC (for one year working 

SN period) in term of different standard deviation starting 
from σ=2 up to σ=8 (for PRJR from 40% to 70%, as 
parameter), for IPI T∑=1 h, are given in Fig. 3. 

VI. CONCLUSION 

In battery-powered SN, as constituents of WSN, multi-year 
operation on a single coin-cell battery is a crucial issue. 
Several methods to cope with efficient energy consumption 
have been proposed in literature. In this paper we present one 
simple an efficient technique named extension of active time-
slot. Principle of operation of the proposed scheme is based on 
usage of duty cycling technique. It allows us to achieve 
correct time synchronization in SN operation, even in a case 
when large number of consecutive packets is lost, and 
relatively high instability of the local SN oscillator exists. The 
proposed solution and its implementation are simple. It does 
not require great resources. The obtained results show that, for 
single year working period, when the packet rejection ratio 
varies from 40 % to 70 %, and inter-packet interval is one 
second (worst case) an increase of battery capacity less than 
0.01 % is needed. 
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Modeling and Analyzing LTE Networks with EstiNet 
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Abstract – LTE (Long Term Evolution) networks have been 

introduced in 3GPP (Third Generation Partnership Project) 

release 8 specifications, with an objective of high-data-rate, low-

latency and packet-optimized radio access technology. This 

paper analyses the possibilities, capabilities and features of 

EstiNet Network Simulator and Emulator that can be used for 

modelling and analysing the behaviour of LTE networks. It also 

illustrates a simple scenario where one or several LTE User 

Equipment (UEs) are connected to Internet, and evaluates the 

throughput performance for TCP and UDP traffic in downlink 

direction. Some important LTE network parameters are also 

specified for this performance evaluation. Finally it will be 

concluded that EstiNet is a suitable simulation and emulation 

tool for modelling and analysing the behaviour of LTE networks. 

 

Keywords – LTE, LTE-Advanced, EstiNet, SAE, EUTRAN, 

EPS, TCP, UDP .   

 

I. INTRODUCTION 

Recently, there has been an increasing demand for Internet 

access over the mobile devices. To address this, the wireless 

telecommunication industry defined a new air interface for 

mobile communications that provides a framework for high 

mobility broadband services and increase in the overall 

system capacity. 

One emerging technology that supports this air interface is 

LTE (Long Term Evolution), which is the current 

evolutionary step in the third Generation Partnership Project 

(3GPP) roadmap for future wireless cellular systems [1]. LTE 

was introduced in 3GPP Release 8, which—besides the 

definition of the novel physical layer—also contains many 

other remarkable innovations [2, 3]. Most notable are: 

 Redevelopment of the system architecture, now 

called System Architecture Evolution (SAE);  

 Self-organization, and self-optimization of the 

network; and  

 Introduction of home base-stations. 

The overall objective for LTE is to provide a significantly 

increased peak data rates, reduced delay (latency), scalable 

bandwidth capacity and more multi-user flexibility than the 

currently deployed networks. It also provides backwards 

compatibility with existing 3GPP and 3GPP2 technologies 

(GSM, UMTS, HSPA, CDMA 2000), as well as inter-working 

with other non-3GPP and non-3GPP2 technologies such as 

IEEE 802.16 WiMAX (Worldwide Interoperability for 

Microwave Access), and IEEE 802.11 WLAN (Wireless 

Local Area Networks), i.e. WiFi (Wireless Fidelity) standard 

[4]. 

Since LTE is relatively new standard it is important to 

model and analyse the behaviour and the performances of 

LTE Network. This paper analyses the possibilities, 

capabilities and features of EstiNet Network Simulator and 

Emulator that can be used for modelling and analysing the 

behaviour of LTE networks [5]. EstiNet is chosen since it 

provides a suitable Graphical User Interface (GUI) and novel 

protocol stack. Additionally EstiNet can act as an emulator, 

i.e. it provides a possibility to test the simulation scenario on a 

real traffic. Moreover it has a good documentation. 

The paper is organized as follows. Section II presents the 

LTE node components in EstiNet, and analyses the 

possibilities of EstiNet for simulating LTE Network.  Section 

III presents a simple LTE Network simulation scenario. 

Section IV analyses the throughput simulation results on LTE 

air interface for TCP and UDP traffic in downlink direction. 

Finally Section V concludes the paper and provides 

information about future work.   

II. LTE NETWORK NODES IN ESTINET 

LTE is a cellular system that supports only Packet-

Switched (PS) services, compared to the previous Circuit-

Switched (CS) cellular systems. It provides seamless Internet 

Protocol (IP) connectivity between User Equipment (UE) and 

the Packet Data Network (PDN), without any disruption to the 

end users’ applications during mobility. The term ‘LTE’ 

encompasses the evolution of the radio access through the 

Evolved-Universal Terrestrial Radio Access Network (E-

UTRAN). This evolution is accompanied by an evolution of 

the non-radio aspects of the network under the term ‘System 

Architecture Evolution’ (SAE) which includes the Evolved 

Packet Core (EPC) network. Together LTE and SAE comprise 

the Evolved Packet System (EPS). An overview of LTE-SAE 

System (EPS System) architecture is given in [4]. 

In EstiNet, the LTE network consists of the following types 

of nodes: the Packet Data Network GateWay (PDN GW), 

Serving GateWay/Mobility Management Entity 

(SGW/MME), eNodeB and User Equipment (UE) [6].  These 

nodes are illustrated in Fig 1. 
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E-mail: stojan.kitanov@uist.edu.mk.   
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Skopje, Republic of Macedonia, E-mail: tonij@feit.ukim.edu.mk.    

Fig. 1. LTE Network Connected to Internet Server with three User 

Equipments (UEs) 
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The PDN GW provides connectivity to the UE to external 

packet data network (i.e., backhaul network) by being the 

point of exit and entry of traffic for the UE. It also takes care 

of an UE’s connection establishment when an UE joins the 

network.  

The SGW/MME routes and forwards user data packets 

through the GTP-U protocol. It also acts as the mobility 

anchor for the user plane during handovers by communicating 

with PDN GW. Additionally, it manages the mobility of UEs. 

An eNodeB has a similar role as the base station in the 

conventional Point to Multi Point (PMP) network. The major 

eNodeB functionalities of are:  

 Radio Resource Management (RRM); 

 Selection of SGW/MME upon UE’s connection 

establishment; and  

 Routing of packets from SGW/MME to UEs and 

vice versa. 

The UE is identical to a mobile station and it is connected 

to only one eNodeB at a time. However, it scans every nearby 

eNodeBs every 2 seconds. If it finds that the SNR for another 

nearby eNodeB is higher than its current serving eNodeB, it 

will send a measurement report to its serving eNodeB and 

request for handover. EstiNet software supports the following 

types of LTE handover, namely handover across eNodeBs, 

handover across SGWs, and handover across PDN GWs.   

The Default LTE-related protocol modules, i.e. the LTE 

Network Protocol Stack for each node can be viewed and 

specified via “Node Editor” button [6]. They are illustrated on 

Fig 2. A brief description of the protocol stack modules for 

the eNodeB and the UE is given below.   

 

When an eNodeB, SGW, or PDN GW are added to the 

network topology, a daemon programs named “enb”, 

“sgw_mme”, and “pgw” are be automatically added in each 

node. The daemon programs are application layer programs 

that are responsible to carry all the necessary tasks and 

functions for the LTE Nodes such as routing of data packets, 

radio resource management, etc. EstiNet provides the 

possibility to enable/disable the channel encoding/decoding. 

In order automatically to generate the IP addresses for the 

wireless nodes in a LTE network, the subnet must be 

explicitly specified using the “form subnet” tool on the tool 

bar.  

The LTE_OFDMA module icon of the protocol stack of an 

LTE eNodeB, provides the possibility to specify the physical-

layer parameters, such as the channel ID, operating frequency, 

transmission power, bandwidth and the sensitivity for 

received signals. Additionally one can modify the SIB1 

periodicity to be used by an eNodeB at the LTE_RRC 

module. The GUI user can log the number of CRC error 

packets by checking the options in “LTE_MAC_ENB_LTE” 

module. The throughput information incoming or outgoing 

packets, as well as the number of incoming and outgoing 

packets can be logged by checking the options in 

"LTE_LIF_ENB_LTE" module. 

The LTE UE protocol stack provides a possibility to 

specify the physical-layer parameters, such as the channel ID, 

operating frequency, transmission power, and the sensitivity 

for received signals, at the LTE_OFDMA module icon. In 

addition, one can set the minimum sensitivity difference to 

trigger eNodeB handover of an UE, at the LTE_RRC module 

icon. With this value being set, when the UE finds another 

nearby eNodeB with higher sensitivity, the UE will trigger a 

handover procedure by sending a measurement report to its 

current serving eNodeB. The GUI user can log the number of 

CRC error packets by checking the options in 

“LTE_MAC_UE_LTE” module. The throughput information 

incoming or outgoing packets, as well as the number of 

incoming and outgoing packets can be logged by checking the 

options in "LTE_LIF_UE_LTE" module.  

More information about the LTE nodes component can be 

found in [16]. 

III. SIMULATION SCENARIO 

A typical example of an LTE network is already illustrated 

in Fig 1, where PDN gateway is connected to the internet 

(Internet Host or Server) via fixed link. Usually the PDN GW 

can be connected to the internet by a router. However for 

simplicity the router is not included in Fig 1. In this scenario 

the UEs may receive TCP packets or UDP packets from the 

internet server, or vice versa the UEs may transmit TCP, or 

UDP packets to the Internet Server. Below is described the 

transmission of TCP and UDP packets in downlink direction. 

The network topology is defined in Draw topology mode. 

In “Edit Property” mode it is necessary to specify which 

application programs (traffic generators) should run on which 

nodes during simulation to generate network traffic. 

Application programs can run on any hosts, routers, mobile 

nodes LTE PDN GW, SGW, eNodeB, UE, etc. Actually, as 

long as a node has a layer-3 interface (i.e. it has an IP address 

assigned to it), any application program can run on it. In such 

devices’ dialog boxes, there is an “Application” tab in which a 

user can specify the commands for launching the desired 

application programs.  

For simplicity let a single UE is present in the LTE 

network. Let the internet host wants to set up a greedy TCP 
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Fig. 2. LTE Network Protocol Stack Modules and TCP Run Time 

Packet Flow in the LTE Network 
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traffic to the LTE UE in downlink direction. In order to 

achieve this the command “rtcp -p 8000” must be specified on 

the receiving node’s (LTE UE) Application tab and the 

command “stcp -p 8000 1.0.4.2” on the sending node’s 

(Internet Host) Application tab. The specified commands are 

exactly the same as what a user would type into a UNIX 

terminal to launch (run up) these application programs. Here, 

stcp and rtcp are the pre-installed real-life application 

programs that will greedily send and receive TCP data, 

respectively. Also, it is assumed that the receiving node (LTE 

UE) has an assigned IP address of 1.0.4.2 and the rtcp 

program binds its receiving socket to port 8000.   

Similarly, if the internet host wants to set up greedy UDP 

traffic, the command "stg -u 1000 78 -p 9000 1.0.4.2" must be 

specified in the internet host, while the command "rtg -u -p 

9000" must be specified in the receiver. Alternatively the 

following commands can be used:  "ttcp -t -u -s 1.0.4.2" 

command in the internet host, and the "ttcp -r" command in 

the receiver.  

Additionally in Edit property mode must be specified the 

remaining LTE Network parameters, such as eNodeB 

transmission power, eNodeB channel bandwidth, carrier sense 

power threshold of the UE. Also the parameters of the fixed 

links such as delay, bandwidth, and Bit Error Rate (BER), as 

well as the type of wireless channel must be specified.   This 

can be performed by using the node editor button for each 

node, on the protocol stack level. Table I gives a summary of 

the parameters, traffic applications and channel type used in 

the simulation scenario given in Fig 1.  

Table I 

LTE Network Parameters and Traffic Applications 

Name of Device  Parameters and Traffic 

Applications 

Internet Host 

(Traffic Generator) 

Traffic application: TCP or UDP 

eNodeB Transmission power: 43 dBm  

Channel Bandwidth: 10, or 20 MHz 

UE  

(Traffic Receiver) 

Traffic application: TCP or UDP 

Carrier Sense Power  

Threshold (CSPT): -100dBm 

Fixed Links Delay: 1000 μs 

Bandwidth: 100 Mbps 

BER: 0.0 

Wireless Channel Model: Two-way ground theoretical 

channel model without fading 

PathLoss Exponent: 2.0 

 

The measuring performance results that are of particular 

interest for a particular simulation network scenario can be 

selected in Edit Property mode in order to be to be logged 

during the simulation. For example it could be the throughput 

of incoming, or outgoing packets, the number of incoming or 

outgoing packets, the number of CRC error packets, etc. 

The TCP Run – Time Packet Flow for a single UE is in Fig 

2 in Section II. The protocol stack modules in the Simulation 

Server are all modules which simulate the MAC layer and 

PHY layer of the nodes on the LTE networks. On the other 

hand pgw Daemon, sgw_mme Daemon, and enb Daemon are 

all user layer applications that are responsible for data routing 

or resource managing, and other necessary tasks to carry for 

LTE Nodes. By using the kernel re-entering simulation 

methodology, a real-life application such as stcp, or a real-life 

Linux protocol stack is directly used, and information of the 

packets above MAC layer will be saved to the virtual interface 

called "tunnel". The simulation engine will capture the packet 

information from tunnel interface. Then the information 

packets will re-enter to the protocol module designed in the 

Simulation Server. The simulation engine captures the TCP 

packet information in the "Interface" and re-enters these TCP 

packets into the modules from ARP to PHY. Next, the TCP 

packets are transmitted to PHY modules of PDN GW and the 

path of the packet flow now are sent from PHY to LTE_PGW. 

Similarly the packets are passed from PDN GW to SGW, 

from SGW to eNodeB and from eNodeB to UE. As such, the 

activity of the packet flow in the Simulation Server is a 

simulation of the link between Host and UE. Similarly is the 

UDP Run – Time Packet Flow, since the applications stcp and 

rtcp need to be replaced by stg and rtg, respectively. 

The next section presents some simulation results of the 

throughput of TCP and UDP packets on LTE air interface in 

downlink direction for three UEs given on Fig 1.  During the 

simulation the following channel bandwidth were evaluated: 

10 MHz and and 20 MHz. The simulation lasts 30 seconds 

and the internet host transmits the tcp, or udp packets between 

5 and 30 seconds.  

IV. ANALYSIS OF SIMULATION RESULTS 

The simulation results in EstiNet can be analysed by using 

several tools: packet animation player, packet trace viewer 

and performance monitor [16]. Here will be presented the 

usage of performance monitor.  

The performance monitor dynamically displays the plots of 

the performance curves of some logged performance metrics 

(such as throughput, number of dropped or packets) as the 

time is progressing. The throughput of LTE air interface (Uu 

interface) in downlink direction for both TCP and UDP 

packets is shown in Fig 3 and Fig 4, respectively. In 

particular, it displays the throughput of outgoing packets at 

the eNodeB and the throughput of incoming packets at the 

UE. 

It can be noticed that as the channel bandwidth is increased 

from 10 MHz to 20 MHz, the throughput also increases. This 

is very logical since the increase in channel bandwidth leads 

to throughput increase. Also the throughput values of 

outgoing packets at the eNodeB are higher than the sum of the 

throughput values of incoming packets for all UEs. This is due 

to the distance which causes some of the packets to be 

dropped. 

Additionally it can be observed a different behaviour in the 

throughputs for both TCP and UDP traffic. Because UDP is 

unreliable and best effort protocol, there are no ACK 

packages which respond from the clients (UEs) [7]. Therefore 

server (internet host) will greedily generates UDP packets and 

sends to client. However, the bandwidth of the air interface 

and the queue number of the eNodeB is not infinite. Due to 
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the queue of the eNodeB there is always full loading during 

the UDP connection, and a large number of the packets will 

be discarded from the eNodeB. This is why the total incoming 

UDP throughput for all UEs drastically is decreased compared 

to the outgoing UDP throughput at the eNodeB.  

On the other hand, TCP is reliable and acknowledged 

protocol [7]. Therefore if there are any packets discarded by 

receivers, the receivers (UEs) will send ACK messages to 

notify the server (internet host) to resend the dropped packets 

again. Additionally the receivers (UEs) will request the server 

(internet host) to speed down the packets the frequency of 

sending packets in order to mitigate the queue loading of the 

eNodeB. Therefore, it can be observed a similar throughput 

between the eNodeB and the total throughput for all UEs on 

TCP connection. 

Similar results can be observed for the throughput in uplink 

direction. If the throughputs in downlink and uplink direction 

are compared it can be noticed that the throughput in UL 

direction (at the internet host, i.e. internet server) has lower 

values than the throughput in downlink direction (at the UE). 

From the analysis performed above it can be concluded that 

EstiNet is a powerful tool for modelling and analysing LTE 

Networks. 

V. CONCLUSION AND FUTURE WORK 

This paper conceptually introduced how to model and 

analyse the behaviour of LTE networks with EstiNet Network 

simulator and emulator. EstiNet was chosen as the best choice 

because of its GUI interface, emulator capabilities, as well as 

other capabilities and features that EstiNet possess. Then the 

LTE node components that are implemented in EstiNet were 

discussed. After that a simple LTE Network scenario with 

three UEs, where LTE network was connected to Internet 

Server was discussed. It was considered a case when each UE 

can receive TCP or UDP packets, with particular network 

parameters. Also the steps required to configure this scenario 

were discussed.  Finally the throughput simulation results for 

TCP and UDP traffic in downlink direction on LTE air 

interface by using the performance monitor were discussed. It 

was noticed that TCP is reliable and acknowledged protocol 

the outgoing throughput at the eNodeB is nearly equal to the 

sum of the throughputs of all UEs. On the other hand UDP is 

unreliable and best effort protocol and therefore the total 

incoming throughput of all UEs is much lower than the 

outgoing throughput of the eNodeB. It was concluded that 

Estinet is a powerful tool for modelling and analysing LTE 

Networks.  

In future more complex simulation scenarios will be 

analysed regarding the throughput on LTE air interface for the 

UEs in motion with different speeds, considering the Doppler 

effect will be analysed. Additionally different handover 

scenarios between eNodeBs, between SGWs and between 

PDN GWs will be analysed. Finally the performances of LTE-

Advanced Network will be analysed by using the existing and 

the new protocol stack modules.  
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Fig. 3. Outgoing eNodeB and Incoming UEs TCP Throughput in 

Kbit/s in Downlink Direction for a 20 MHz Channel 

 

Fig. 4. Outgoing eNodeB and Incoming UEs UDP Throughput in 

Kbit/s in Downlink Direction for a 20 MHz Channel 
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BER Performance of IM/DD FSO System with PIN 
Photodiode Receiver over Gamma-Gamma Atmospheric 

Turbulence Channel 
Milica I. Petković1, Nemanja M. Zdravković2, Bata V. Vasić3 and Goran T. Đorđević4 

Abstract – In this paper, we have analyzed the bit error rate 
(BER) performance of free space optical (FSO) system 
employing intensity modulation/direct detection (IM/DD) with 
the on-off keying (OOK). Signal is transmitted over FSO channel 
under the influence of atmospheric turbulence which is modeled 
by gamma-gamma distribution since it is convenient fading 
model in wide range of the turbulence conditions. The new 
closed-form BER expressions are derived and numerical results 
are presented. The numerical results are confirmed by Monte 
Carlo simulation. 
 

Keywords – Free space optical (FSO) communications, On-off 
keying (OOK), Atmospheric turbulence, Gamma-gamma 
distribution, Bit error rate (BER). 
 

I. INTRODUCTION 

The limitations of radio frequency networks due to 
spectrum congestion, licensing issues and interference from 
unlicensed bands are the reason for the increasing interest in 
free space optical (FSO) communication. Due to its high data 
rate capacity and wide bandwidth on unregulated spectrum, 
FSO has been proved to be a good solution to solve the “last 
mile” problem. Despite a lot of advantages, the FSO system 
performance is disturbed by the existence of atmospheric 
turbulence which results in the rapid intensity fluctuations at 
the received signal, also known as fading or scintillation. 

The impact of the atmospheric turbulence has been 
described with many statistical models. The log-normal 
distribution has been proved as good solution in weak 
turbulence conditions. On the other hand, the K distribution 
has been accepted as an appropriate model for the strong 
conditions. Because of its excellent agreement between 
theoretical and experimental data, the gamma-gamma 
distribution has been received as convenient fading model for 
a wide range of the turbulence conditions [1]-[4]. 

The intensity-modulated FSO system with direct detection 

(IM/DD) with the on-off keying (OOK) with PIN photodiode 
receiver is practical scheme that has been deployed in 
commercial FSO systems [5]. In [6] the bit error rate (BER) 
expression for FSO system with IM/DD using OOK over K-
distributed atmospheric turbulence channel has been derived. 
The BER performance of FSO links over the log-normal 
atmospheric turbulence channels with spatial diversity has 
been studied in [7]. In this paper, we observed FSO with 
IM/DD using OOK signal transmission over channel under 
the influence of atmospheric turbulence modeled by gamma-
gamma distribution. The PIN photodiode is used at the 
receiver. The new expressions for BER are derived and 
numerical results are presented. 

The rest of the paper is organized as follows. Section II 
describes the system and channel model. In Section III, new 
closed-form BER expressions are derived. Section IV shows 
numerical results and discussion.  

II. SYSTEM AND CHANNEL MODEL 

The FSO communication system using IM/DD with OOK 
is presented in Fig. 1. At the transmitter, information bits are 
modulated by electro-optical modulator IM/OOK. The output 
of modulator represents the intensity of the laser source which 
is determined by the transmitting telescope. This telescope 
forwards the optical signal to the receiver over the turbulence 
induced channel. At the receiver, the optical signal is 
converted to an electrical using direct detection and PIN 
photodetector. The received electrical signal is given by 

 nIxy += η , (1) 

where }1,0{∈x  represents the information bit, η is the 
optical-to-electrical conversion coefficient, n is the additive 
white Gaussian noise with the zero-mean and variance 

2/0
2 Nn =σ  and I is the normalized irradiance which is 

accounted for the intensity fluctuations due to the atmospheric 
turbulence. 

The channel is under the influence of the atmospheric 
turbulence which is modeled by the gamma-gamma 
distribution convenient in wide range of turbulence 
conditions. The received irradiance I can be considered as a 
product of two random processes, i.e. I=IxIy, where Ix and Iy 
arise from large-scale and small-scale turbulent eddies, 
respectively, and both of them follow gamma distribution [3]. 
The probability density function (PDF) of I is defined as 
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where Γ(.) is the gamma function [8, Eq. (8.310.1)] and Kν (.) 
is the νth-order modified Bessel function of the second kind 
[8, Eq. (8.432)]. The parameters α and β represent the 
effective of small-scale and large scale cells and can be 
related to the atmospheric conditions. If the plane wave 
propagation and zero inner scale are assumed, the parameters 
α and β can be expressed as [1], [4] 
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where 2
Rσ  is the Rytov variance here used as a metric of the 

strength of turbulence. It is given by [1], [4] 

 6/116/722 23.1 LkCnR =σ , (4) 

where k=2π/λ is the wave-number, λ is the wavelength, L is 
the propagation distance, and 2

nC  denotes the index of 
refraction structure parameter which is assumed to be constant 
for horizontal paths. It should be noted that the Rytov variance 
is used only as a metric because it brings together all physical 
operating conditions. For simplification, turbulence strength is 
counted by Rσ . 

Fig. 2 shows the PDF of irradiance I modeled by gamma-

gamma distribution given by Eq. (2). The parameters α and β 
are calculated using Eq. (3). The result is obtained by 
analytical calculation and confirmed by simulation. 

The instantaneous electrical signal-to-noise ratio (SNR) is 
expressed as  

 0
2 /)( NIηγ =  (5) 

and the average electrical SNR is 

 0
2 /])[( NIEηµ = , (6) 

where Ε[.] denotes the statistical expectation. It should be 
noted that 1][ =IE  since I is normalized. Also, µ is different 
from ][γγ E=  since the latter quantity is defined as 

0
22 /][ NIEηγ = . The PDF of γ can be found using simple 

power transformation of the random variable I: 
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III. BER ANALYSES 

If IM/DD with OOK is employed, BER expressions for 
FSO links can be calculated as [6], [7] 

 ( ) ( ) ( ) ( )0|01|1 ePPePPPe += , (8) 

where P(1) and P(0) represent the probabilities of transmitting 
„on“ and „off“ bits, respectively, and P(e|1) and P(e|0) are the 
conditional bit error probabilities when the transmitted bit is 
„on“ or „off“. It is considered that P(1)=P(0)=0.5 and 
P(e|1)=P(e|0) which are conditioned on I. It is shown that [6], 
[7] 
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where Q(.) is the Gaussian Q-function defined as 

( ) ( )dttxQ ∫
∞

−=
0

2 2/exp2/1)( π  and related to the 

complementary error function erfc (.) [8, Eq. (8.250.4)] by 
( ) ( )xQx 22erfc = . 

Applying Eq. (5) in Eq. (9), the conditional bit error 
probabilities are now conditioned over the instantaneous SNR:

 

Fig. 1. Block diagram of the FSO system using IM/OOK 
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Fig. 2. Figure example Gamma-gamma distribution of irradiance I 
for some values of turbulence strength Rσ  
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Finally, the average BER over gamma-gamma fading channel 
can be found by averaging (10) over γ: 
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Integral in (11) can be solved by representing the 
complementary error function and modified Bessel function in 
terms of the Meijer's G functions [8, Eq. (9.301)] using [9, 
Eqs. (06.27.26.0006.01) and (03.04.26.0009.01)], and 
afterwards using [9, Eq. (07.34.21.0013.01)]. The expression 
for the average BER is given by Eq. (12). Using [9, Eq. 
(07.34.16.0001.01)], Eq. (12) can be formulated in convenient 
form given by Eq. (13). The Meijer G-function in Eq. (13) can 
be represented in terms of well-known hypergeometric 
function [8, Eq. (9.41.1)] using [9, Eqs. (07.34.26.0004.01) 
and (06.05.16.0002.01)], under the condition n≠− βα , (n is 
integer). So, Eq. (13) can be equivalent expressed as Eq. (14). 

IV. NUMERICAL RESULTS 

Using previously derived expressions, the numerical results 
are presented and confirmed by simulation. 

Fig. 3 shows the BER dependence on the average SNR for 
different values of turbulence strength Rσ .When the values of 

the turbulence strength is higher, the influence of atmospheric 
turbulence is more expressed. When the turbulence strength is 
low ( Rσ <2), the system is under the influence of weak 
turbulence conditions. The curves are at the larger distance for 
two low values of Rσ  than for two high values (compare 

Rσ =1 and 2 and Rσ =8 and 10). It means that increasing of 
turbulence strength has greater impact on BER in weak 
turbulence conditions. 

Fig. 4 shows the BER dependence on turbulence strength 
for some values of average electrical SNR. If the certain BER 
is wanted, greater value of SNR is required with increasing of 
the parameter Rσ , (i.e. when the fading is more expressed).  
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Fig. 3. BER dependence on average electrical SNR with different 
values of parameter Rσ  
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For lower values of Rσ , we have rapid increase of BER. In 

strong turbulence conditions, BER is slightly increased. It 
means that BER is almost constant for different values of Rσ  
in the case of strong fading, especially at lower values of 
SNR. 

V. CONCLUSION 

In this paper the new closed-form BER expressions of FSO 
system employing IM/DD with OOK have been derived. 
System is under the influence of atmospheric turbulence 
modeled by gamma-gamma distribution. The effects of 
turbulence strength have been analyzed and numerical results 
have been presented. The obtained results have been 
confirmed by Monte Carlo simulation. 
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Preemptive and Non-preemptive Service  
of IoT Traffic Flows 

Dimitar Atamian and Boris Tsankov 

 
Abstract — This paper investigates the Internet of Things 

traffic performance and Quality of Service guarantee strategies. 
Preemptive and non-preemptive services for different traffic 
flows are considered. Analytical and simulation approaches are 
used for Quality of Service parameters evaluation for both cases 
of exponential and constant service time distribution. Numerical 
results are presented and some conclusions are drawn. 

Keywords – Internet of Things, Quality of Service, Priority 
queue discipline, Queue length and Waiting time.  

 

I.  INTRODUCTION 

The term Internet of Things (IoT) was first introduced a 
little bit more than a decade ago. Eight years ago ITU formally 
defined the term and the concept of IoT.  In short it is the 
integration of information space and physical space.  

IoT traffic sources generate heterogeneous traffic flow with 
messages of information with different importance and 
urgency that reflects to different Quality of Service (QoS) 
constrains. QoS guarantee for different IoT traffic flows is an 
important issue [1] - [3] and for healthcare monitoring in 
particular [4]. A usual way to guarantee QoS requirement is 
activation of different priorities. Any violation of the natural 
way of service, namely on a first-come, first-served basis 
might be considered as priority activation. In priority systems 
the customers with higher priority are chosen for service ahead 
of those with lower priority no mater of their arrival time. 
Priority queues are generally more difficult to model than non-
priority ones. But it can be shown that as far as the selection 
for service from the queue is not related to service time size, 
one can apply tractable analytical models for QoS parameters 
evaluation [5, p. 323] as it is done in this paper. For some 
systems this is not possible and we engage simulation methods. 

A priority is considered preemptive if the arriving message 
of higher priority interrupts (preempts) the service (if any) of 
the lower priority message. In case of non-preemptive priority 
(HOL, Head Of the Line priority) discipline the arriving 
message does not interrupt any service in progress but it is put 
to wait in the queue ahead of any waiting lower priority 
massages. The traffic flows of delay sensitive services are 
granted priorities and some like life critical warnings are 

granted preemptive priority. Preemptive and non-preemptive 
priority queuing systems for a long time ago are subject of 
many mathematical or telecommunication scientific papers or 
books to mention a few more resent books [5 – 9].  

II. THE TELETRAFFIC SYSTEM 

The corresponding teletraffic serving systems considered are 
M/M/1 and M/G/1. We restrict to only two offered traffics: one 
high priority, denoted with and a low priority 
denoted with , where and  are the arrival rate and 
the service rate accordingly. Notation  indicates the mean 
message number in the system, and  indicates the mean 
message number in the queue. Similarly  and  the mean 
waiting time in the system and the mean waiting time in the 
queue, respectively. The well-known and very useful Little’s 
formula  

  (1)  

and 

  (2)  

apply for both high and low priority traffics substituting 
values with corresponding flow indexes. Other useful relations 
hold:  and . 

No limitation on the queue length is imposed. This 
assumption is quite reasonable as IoT messages a relatively 
short and with modern technology is easy to build big enough 
buffers that are practically unlimited and almost never 
overflow. On the other hand for the important delay-sensitive 
applications the waiting time is the most restrictive among the 
QoS parameters. It is obvious that for unlimited queue 

  

 

III. PERFORMANCE ANALYSIS FOR M/M/1 

Most wireless and Internet IoT data transmission can be 
modeled by means of a single server queue [3]. Interarrival 
times and service time are assumed to be exponentially 
distributed with this queuing system. That permits one to build 
a Continuous Time Markov Chain and a system of difference 
equations to be derived for the stationary queuing system 
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probabilities. Therefore one could apply analytical methods for 
performance investigations. 

A) Preemptive Priority 
 

The queuing system in this case is easier as the presence of 
messages of low priority class has no effect on the service of 
high priority messages. Therefore mean number of high 
priority messages in the queue is 

  (3)  

as it is well known from the M/M/1 queuing system without 
priorities. For the low priority messages there is 

  (4)  

 
The mean waiting time is obtained applying the Little’s 

formula (2). For traffics with equal service rate (that is quite 
possible case in practice)   and Eq. (4) is 
simplified. 

B) Non-Preemptive Priority 
 

The expressions here are a bit more complex (see for 
example [7]): 

 

  (5)  

 

  (6)  

 

IV. PERFORMANCE ANALYSIS FOR M/D/1 

Many applications of data transmissions (and IoT, in 
particular) the service times are not exponentially distributed. 
Often the service time is constant [8, ch.13.5]. Unfortunately 
for the M/G/1 queuing systems with priority the mathematical 
expressions are cumbersome [5, ch.6], [8, ch.13.4], [9, ch.5.4]. 
We conduct simulations for preemptive end no-preemptive 
systems and constant service time (queuing system M/D/1).  

For M/D/1without priorities one can apply the well known 
Pollaczek-Khintchine’s formula. (See for example [8, ch. 
13.5]). The system parameters of M/D/1like L and W are 
exactly two times less than corresponding M/M/1parameters. 
Therefore we make the heuristic proposal to apply (3)… (6) for 
constant holding time after a division of two: 

Preemptive priority: 

  (7)  

Non-Preemptive priority: 

   (8)  

 

  (9)  

 

and compare the non-preemptive priority results with the 
simulation for the same system parameters. The obvious aim is 
to evaluate how reasonable is to apply the Eqs. (8) and (9) for 
M/D/1 system in IoT applications. 

 

V. NUMERICAL RESULTS  

An index s on the following figures denotes the results from 
a real-time simulation.  

Non-preemptive priority simulation is compared to 
calculations based on Eqs. (8) and (9). The simulation is 
performed for two streams with equal traffic – equal packet 
rate from 100 to 800 packets per second and fixed and equal 
packet size of 150 bytes. Results are shown on Fig. 1.   

 

 

Fig. 1. Non-preemptive priority queue length 

 

Additional simulations are performed with a variety of 
parameters for both classes of traffic flows and non-
preemptive priority. Different service time (packet length) – 
1:5 for high:low priority streams with equal packet rates is 
shown on Fig. 2 as an example compared with analytic results 
from Eqs. (8) and (9): 
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Fig. 2. Non-preemptive priority with 1:5 service time 
 

Non-preemptive priority with equal service time but with 
different packet rate  – 1:5 for high:low priority streams (low 
priority packet rate shown on x- axis) is simulated and 
compared with analytic results from Eqs. (8) and (9). Results 
are shown on Fig. 3.: 

 

 

  Fig. 3. Non-preemptive priority with 1:5 packet arrival rate 
 

VI. CONCLUSION AND FUTURE WORK  

Based on the above study and results we can conclude that 
the formulas - Eqs. (8) and (9) are applicable in wide range of 
cases for the non-preemptive priority and M/D/1 system in 
IoT.   

For future research work, the authors plan to develop to 
extend his researches over system combining more priority 
flows and preemptive and no-preemptive disciplines as well.           
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Carrier Frequency Offset Problem Solving  
in the OFDM/MDPSK System 

Slavimir Stošović1, Nenad Milošević2, Bojan Dimitrijević2 and Zorica Nikolić2 

Abstract – The main disadvantage of the orthogonal frequency 
division multiplexing (OFDM) systems is their sensitivity to the 
carrier frequency offset. This paper presents comparative 
analysis of two OFDM receivers with good performance in the 
presence of the carrier frequency offset. The first receiver, 
denoted as RMSDD-OFDM, uses the MSDD (multiple-symbol 
differential detection) of MDPSK signal and obtains an 
improvement by adding ability to reconfigure itself. The second 
receiver with adaptive remodulation filter (ARF-OFDM), uses a 
new algorithm for the estimator weights adjustment, which is 
applied separately in each OFDM channel.  

In the presence of carrier frequency offset and for the same 
complexity, ARF-OFDM receiver has better performance, for 
both modulation formats (BDPSK and 4DPSK). However, if the 
goal is to have a nearly constant performance in a wide 
frequency offset range and equal to the error probability for zero 
frequency offset, we have to use RMSDD-OFDM receiver. In this 
case, increasing of the system complexity is the main 
disadvantage. 
 

Keywords – Detection, estimation, mobile satellite 
communications, orthogonal frequency division multiplex, 
synchronization. 

I. INTRODUCTION 

Modern telecommunication systems often use OFDM since 
it provides a broadband communication over fading channels. 
One of the drawbacks of the OFDM has proven to be its high 
sensitivity to the frequency offset between the local oscillators 
at the transmitter and the receiver [1], [2]. The problem with 
the frequency offset is that it creates the inter-carrier 
interference since the orthogonality of the OFDM subcarriers 
is ruined. Since inter-carrier interference may degrade the bit 
error rate performance severely, the inter-carrier interference 
suppression has received considerable attention. Depending 
on the characteristics of the transmitted signal (pilot-based or 
not), there are different approaches for solving this problem 
[3]-[8]. 

In goal to create an OFDM receiver with good perfor-
mance in the presence of significant frequency offsets, so that 
it can be used for the M-ary differential phase shift keying 
(MDPSK) signal reception, two different OFDM receivers are 
proposed in this paper. The first receiver uses the MSDD 
detection of MDPSK signal and obtains an improvement by 
adding a ability to reconfigure itself. The second receiver with 

adaptive remodulation filter (ARF-OFDM), uses a new 
algorithm for the estimator weights adjustment, which is 
applied separately in each OFDM channel [9]. This paper 
presents comparative analyze of these two OFDM receivers 
and their advantages, disadvantages and complexity.  

II. SYSTEM MODELS 

A. Reconfigurable OFDM/ MSDD receiver 

The block diagram of the OFDM/MDPSK signal receiver 
with reconfigurable MSDD structure (RMSDD-OFDM) is 
shown in Fig. 1, where NVC is the number of virtual channels. 
The received signal is down converted, low-pass filtered, and 
sampled with the period Tf = TGI + TS + TCP, where TGI is the 
guard interval duration, TCP is the cyclic prefix duration, and 
TS is the symbol interval duration. S/P represents serial to 
parallel converter and it requires timing synchronization. 
After removing the cyclic prefix, a Fast Fourier transform 
(FFT) of length N is performed. In this case we use OFDM 
demodulator with N subcarriers and Fast Fourier transform. 
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Fig. 1. RMSDD-OFDM receiver model  
with frequency hypothesis 

If we assume that correct frame and timing synchroniza-
tion is achieved, then the received sequence in nc-th OFDM 
channel and k-th OFDM frame, after stripping the CP, can be 
expressed as: 

 10,)(
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  (1) 

and )()()( inisir  , where )(in  represents an Additive 

White Gaussian Noise (AWGN) term, with power spectrum 
density N0 / 2.  
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Based on [10], there are NH blocks in Fig. 1 marked with 
dashed lines. These blocks represent different phase 
hypothesis. The input signal is multiplied by the signal with 
the corresponding frequency offset 

hn  

 
2

)1(  
 H

hn
N

n
h

, 1,...0  Hh Nn  (2) 

where nh represents number of the hypotheses,   is the 

algorithm parameter that represents a phase step.  

Thus, equation (1) for nh-th hypothesis block, can be 
expressed as: 
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The signal processing block choose the phase vector 
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 is bn -th transmitted MDPSK symbol in nc-

th OFDM channel, and for nh-th hypothesis, and 
1,...,0  Bb Nn , 1,...,0  VCNnc , 1,...0  Hh Nn , k is 

the discrete time. NB represents number of symbol in multiple 
symbol differential detection used for detection, and NH 
represents the number of hypothesis.  

One hypothesis algorithm is described as follows. To find 
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Below, we make the following sums:  
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and select the largest. The points ))(( ,, ilkZ
hchc nnnn  , 

i=0,…NB  1, are the remodulations of )( bn nkX
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Bb Nn ,...,0 , in 
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Suppose the largest magnitude in (8), occurs for qq  . We 

now find the phase vector 
hc nn ,Φ̂ corresponding to qq  . 

Based on previous consideration, with i in the range 
1 BNqiq , we have 
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The evaluation of (9) and (10) gives elements 
))(( ,, llk

hchc nnnn  , l=0,…NB  1. By arranging the elements 
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hchc nnnn  , l=0,…NB  1, in order of value )(, ll

hc nn , we 

form the sequence )1(),...1(),( ,,,  Bnnnnnn Nkkk
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which is the vector 
hc nn ,Φ  for one hypothesis.  

After calculating of vector 
hc nn ,Φ  for each hypothesis, we 

calculate the following 
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Because the data is differentially encoded, to find  ˆ , we 
need to use the following transformation: 
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From (13) we can determine the received symbol for 
MDPSK constellation, and based on (12) selection logic block 
switches to the corresponding hypothesis block. 

B. OFDM receiver with adaptive remodulation filter 

OFDM receiver with adaptive remodulation filter is shown 
in Fig. 2. Signal processing structure is shown in Fig. 3 and 
the receiver is denoted as ARF-OFDM. The proposed 
algorithm with DPSK input signal is equivalent to the LMS 
algorithm with the CW (Continuous Wave - a signal with 
constant amplitude and frequency, and a random phase) input 
signal in terms of adaptation rate and convergence, in case of 
correctly determined remodulation weights Rn,l(k). The 
remodulation weights are sufficiently correctly determined in 
the range of error probabilities of practical importance. 
Transversal filter with remodulation lowers the noise level in 
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the input signal with as little degradation of the useful signal 
as possible. Therefore, if we put the transversal filter in front 
of the detector, the detector will work with the estimated input 
signal which has a smaller noise variance, and it will make 
better decisions. 
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Fig. 2. ARF-OFDM receiver 
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Fig. 3. Adaptive signal processing structure  

in n-th ARF-OFDM channel 
The signal processing is described with the following 

equations: 

 






L

Ll
lnnlnn kWlkXkR

L
kY )()()(

12

1
)( ,,   (14) 

where )(,...,2,1 VCNNn   denotes the n-th OFDM channel, 

2L is the length of the proposed structure, and )(, kR ln  are 

remodulation weights. The remodulation weights are 
determined independently for each branch in order to avoid 
the error propagation. )(, kR ln  are determined as: 
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where  
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, )(,...,2,1 VCNNn  , 

0,,...  lLLl , and 1)(0, kRn . 

Weights Rn,l(k) are used for the modulation removal, and 
Wn,l(k) are complex weights trying to compensate the phase 
rotation due to frequency offset. The initial value of the 
weights is equal to 1 (phase is equal to 0). The convergence 
and the cost function of the algorithm are discussed in more 
details in the next subsection. 

ARF-OFDM receiver for DPSK modulation contains a new 
algorithm, corresponding to the nature of OFDM signals. The 
adjustment of the adaptive filter weights, Wn,l(k), used in all 
OFDM channels, is performed by the following algorithm: 
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where 0,,...  lLLl , 1)(0, kWn  and )(kEn  is a partial 

(for each OFDM channel) LMS algorithm error signal, given 
by 
 )()()( kYkXkE nnn   (17) 

 is the adaptation factor, () represents complex conjugate, 

and 2|)(| kX n  is the average power of the input signal. So, 

weights Wn,l(k) are being used in all OFDM channels, and are 
being adjusted in each channel, one after another.  

In the case of continuous wave (CW) input signal and if the 
thermal noise is neglected, the filter weight Wn,1(k) contains 
the estimated frequency offset f as in [11] 
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Having the above in mind, we propose a correction for the 
k-th symbol detection using weight Wn,1(k) and the differential 
detection of k-th symbol is performed in the following way: 
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The proposed structure does not minimize the frequency 
offset, but has the ability to operate in a wide range of 
frequency offset. The algorithm has been applied due to its 
good overall properties, which include satisfactory speed, 
stability, and not so high complexity. 

III. NUMERICAL RESULTS 

The performance of the proposed receiver is analyzed 
using Monte-Carlo simulation with one million simulation 
steps. The carrier frequency is 2.4 GHz, the sampling period 
before DFT block is Tc = 100 ns. OFDM simulation 
parameters are N = 64, number of virtual channel NVC = 8, TCP 
= TGI =8Tc, which does not limit the generality of the results. 
In most OFDM literature, the cyclic prefix occupies the same 
interval as the guard interval, but in our simulation the general 
format of the OFDM signal is considered, and TCP may differ 
from TGI. From the above, frame time duration is 

sTTTTT cCPSGIf 880  , and OFDM date rate is 

7 MSym/s. 

Since OFDM schemes are primarily intended for the 
mobile and wireless systems where a fading channel is 
assumed, in the following figures the performance analysis is 
performed in Rician fading channel with Rician factor 
K = 10 dB. Figs. 4, 5 show the symbol error rate versus the 
normalized frequency offset of the receiver if the signal 
processing is performed by: fast multi-symbol differential 
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detection (NH = 1) and proposed reconfigurable MSDD 
algorithm (RMSDD-OFDM) and adaptive remodulation filter 
(ARF-OFDM). 

-0,3 -0,2 -0,1 0,0 0,1 0,2 0,3
10-3

10-2

10-1

1

d)c)b)

f x T
f


 ARF-OFDM
 RMSDD-OFDM

 
S

E
R

a)

 
Fig. 4. Symbol error probability versus normalized frequency offset 
N = 64, NVC = 8 and TGI = TCP = 8Tc, BDPSK modulation, Es / N0 = 

7dB, NB = 4, cB/ = 3% with NH as a parameter 

a) NH = 1, b) NH = 5, c) NH = 10, d) NH = 15 
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Fig. 5. Symbol error probability versus normalized frequency 

offset N=64, NVC=8 and TGI=TCP=8Tc, 4DPSK modulation,  
Es / N0 = 12dB, NB = 4, cB/ = 3% with NH as a parameter 

a) NH = 1, b) NH = 5, c) NH = 10, d) NH = 15 

Figs. 4. and 5. represent systems performance with 
parameter which represents number of hypothesies NH. The 
curves for RMSDD-OFDM receiver show that range where is 
satisfying transfer quality becomes wider with the increase of 
the number of hypotheses. This method increases the 
complexity of the system, and this is the main disadvantage. 

Comparing the corresponding curves in Fig. 4 an 
improvement may be noticed in system performance in the 
presence of frequency offset using ARF-OFDM receiver. 
ARF-OFDM receiver works in a wider frequency offset range 
compared with DD-OFDM and FMSDD-OFDM systems. 
Therefore, the range where there is a satisfying transmission 
quality is significantly wider for ARF-OFDM receiver and we 
don`t increase the system complexity, as it is for RMSDD-
OFDM. 

IV. CONCLUSION 

In a goal to create an OFDM receiver with good 
performance in the presence of significant frequency offsets, 
so that it can be used for the M-ary differential phase shift 
keying (MDPSK) signal reception, two different OFDM 
receivers (ARF-OFDM and RMSDD-OFDM) are proposed in 
this paper. For the same complexity (NH = 1), in the presence 
of carrier frequency offset, ARF-OFDM receiver has the 
better performance, independent of the modulation. However, 
if we want a smaller receiver sensitivity at significant 
frequency offsets ( 0,2ff T   ), RMSDD-OFDM receiver 

can be implemented with parameter NH = 15. Performance is 
nearly constant in a wide frequency offset range and equal to 
the error probability for zero frequency offset. The receiver 
has excellent performnce, but at the price of high complexity. 
This conclusion is valid for both modulation formats (BDPSK 
and 4DPSK).  
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Overview of current trends in IPTV related FP7
projects

Biljana Veselinovska1 Marjan Gusev2 Toni Janevski3

Abstract—IPTV is a new trend in the area of Information and
Communication Technology providing endless opportunities for
advancement in both science and industry. In this paper we give
an overview of recent research and technology development in the
area, appropriate architectures and design issues, and features
and functionalities which are hot research topics. For this purpose
we have analyzed relevant FP7 projects (European research area).

Index Terms—IPTV; ViSTA-TV; OptiBand; Full-duplex EAS.

I. INTRODUCTION

A lot of different opportunities for exploiting the advantages
of the IPTV technology arise due to the rapid growth in the
field of information technologies enabled by the ubiquitous
presence of broadband Internet connections. The usage of
this relatively new technology can significantly improve the
advancement in the area of socio- economics, medicine etc.

To achieve the anticipated improvement, the overall IPTV
quality of service must be taken to a whole new level, by
enhancing the data transmission rates and minimizing overall
losses during transmission. Thus, the motivation for this paper
are these opportunities which IPTV as a technology can
provide in order to make a step forward into the future in
many different areas.

Although we have analyzed a lot of FP7 projects related to
IPTV, we selected the ones which provide novel contribution
to the technology. The selection includes realization of the
following projects: ViSTA-TV [1], OptiBand [2], W3TV [3],
Vital Mind [4], NAPA [5], My-E-Director 2012 [6] and
I2WEB [7].

In Section II we explain the meaning of IPTV, its service
architecture and standardization. An overview of recent related
FP7 projects is given in Section III. We believe that they
represent state of the art exploitation of IPTV as a technology.
Finally, the discussion and conclusions presented in Section IV
will elaborate on future intentions and trends in the explained
area of interest.

II. BACKGROUND

A. Definition of IPTV

In this section we explain the benefits of IPTV as a
promising technology, and start with elaboration of basic

1 Biljana Veselinovska is with Innovation dooel, Skopje, Macedonia, e-
mail: biljana.veselinovska@innovation.com.mk

2 Marjan Gusev is with the University Ss Cyril and Methodius, Faculty of
Computer Science and Engineering, Skopje, Ruger Boskovic 16, 1000 Skopje,
Macedonia, e-mail: marjan.gushev@finki.ukim.mk

3 Toni Janevski is with the University Ss Cyril and Methodius, Faculty of
Electrical Engineering and Information Technologies, Skopje, Ruger Boskovic
16, 1000 Skopje, Macedonia, e-mail: tonij@etf.ukim.edu.mk

concepts on what it actually represents. Mittal and Mittal [8]
defined the Internet Protocol Television as a service intended
to deliver broadcast TV, movies on demand and other inter-
active multimedia services, over a secure, end-to-end operator
managed broadband IP network. It is important to say that this
broadband IP network provides the desired level of quality of
service for the end users, because of the fact that it relies on a
broadband Internet connection. In other words, this technology
uses the Internet Protocol as a mean to deliver multimedia to
the end-users.

The emerging of such a promising convergent service is
a result of the fast advancement in the telecommunication
broadcast technology, thus becoming attractive for service
providers as well as end users across the world [9]. The Inter-
net Protocol television technology term is seen as a set of two
main components- the Internet Protocol (IP), which specifies
the format of packets and addressing scheme for a network,
and Television (TV) in the role of a medium of communication
that operates through the transmission of pictures and sounds
[8]. By delivering this ubiquitous service with the IP protocol,
the service providers are able to offer additional services,
such as linear and on-demand programming, which takes the
standard TV watching to a next interactive level where the
end users have the final saying in what services they will be
consuming and when. Thus, the IPTV technology implies a
two-way communication through images and sound, which is
placed in an IP data network.

The main difference between IPTV and the standard ter-
restrial broadcasting TV is the two-way interactivity which
characterizes IPTV, meaning that the end users are able to
send their requests to the service providers, who then deliver
them their requested services. This technology fully utilizes
the advantages of packet data transmission, which leads to
more efficient use of the network and overcomes the lack of
channel dedication availability problem that usually occurs in
channel data transmission [10].

B. IPTV Service Architecture

The ITUs IPTV NGN architecture considers four main roles
which comprise the IPTV reference service model [11], as
depicted in Fig 1. The basic constitution modules are the
following:

• Content provider. The entity which owns/sells the content
which the end-users wish to consume.

• Service provider. Responsible for providing the IPTV
service comprised of content which comes from the
Content provider.

Biljana Veselinovska1, Marjan Gusev2, Toni Janevski3

Overview of current trends in IPTV related FP7
projects
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Fig. 1: Generic IPTV system architecture [8],[12]

• Network provider. Assures the connection between the
Service provider and the End user.

• End User. The entity which consumes the IPTV service.
• Video Head-End. A point in the network which captures

and formats linear and on-demand content for distribution
over the IP network.

• Video Server. Computer-based devices connected to large
storage systems, which store the video content to be
broadcast over the network.

• Service Provider Core/Edge Network. Transports the
grouping of encoded video streams representing the chan-
nel lineup.

• Access Network. Links the service provider to the indi-
vidual household, accomplished by using various trans-
mission technologies.

• Home Network. Distribution of the IPTV service through-
out the home of the end users.

• Middleware. The infrastructure which connects the com-
ponents of an IPTV solution.

• Set Top Box (STB)/Terminal. An electronic device that
adapts IPTV data into a format accessible by the end
user.

• Content Security/Conditional Access System (CSA)/ Digi-
tal Rights Management (DRM). Protection of content and
control of real-time viewing [8].

C. IPTV Services

Cruz et al. observed that the offered IPTV services can be
divided into two main categories, continuous stream transmis-
sion and the delivery of VoD content [11]. Due to the interac-
tive platform for multimedia distribution, IPTV is capable of
providing the following new and innovative services:

• Digital broadcast TV - traditional TV, multiple-view
TV and pay-per-view services in SD/HD quality. While
conventional broadcast, cable and satellite TV provides
all channels simultaneously, IPTV delivers only those
channels which are being viewed by the subscriber, which
gives the consumers freedom to control what and when
they want to watch.

TABLE I: Advantages and challenges of IPTV [8]

Advantages Challenges

Advanced multimedia
program guide

Assured quality of service

Integrated broadcast, VoD
and DVR

High network availability
for always-on services

Fast scrolling and
navigation

Single infrastructure for
multi play and future

services

Live picture-in-picture Simplified service and
network provisioning

Channel slide show Scalable design for
growth and changes

Multiple
picture-in-picture

Security against attack

Instant channel changing Lowest costs- focus on
the access network

Quick EPG for HDTV
and SDTV

Regulatory issues

Integrated Web based
services

Competition with cable
operators

• VoD - a service which provides TV programs per demand
of the subscribers, who can interactively request and
receive TV channels. Thus, VoD has some additional
available features, such as anywhere TV service, global
TV channels, personal media channels (PMC) and privacy
and security [8].

Table I [8] depicts the advantages and challenges of IPTV,
in comparison with standard digital broadcast TV.

III. OVERVIEW OF THE LATEST IPTV RELATED FP7
PROJECTS

In this section we present relevant recent FP7 projects
which exploit the benefits of the IPTV technology in order
to contribute to the overall European society progress. These
projects have been funded by the European Commission
under the Seventh Framework Programme for Research and
Technological Development. They both include IPTV as a tool
to easily achieve their specific targets.

In terms of the specific goals these projects intend to
achieve, we have divided them into two categories- technology
and application driven projects. The former address basic
concepts and design issues to support the existing IPTV
architecture, or add a value with new design ideas upgrading
the organization of such a implementation, while the latter
relate to possible usage domains defining relevant aspects
of implementation, addressing the technology assisted living,
realization of business activities, etc. In this case they are either
classified by a specific target population, or by a scientific or
business discipline.

A. ViSTA-TV (Video Stream Analytics for Viewers in the TV
Industry)

The ViSTA-TV project is a two-year collaborative research
project about linked open data (LOD), statistics and recom-
mendations for live TV, involving online TV viewing data,
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Fig. 2: The ViSTA-TV approach [1]

program metadata and other external data sources. The motiva-
tion for this project was the continuously increasing live video
content consummation over broadband IP networks, which is
an addition to traditional TV broadcasting.

ViSTA-TV proposes to gather consumers anonymized view-
ing behavior and the video streams from broadcasters/ IPTV
transmitters to combine them with enhanced EPG information
as the input for a holistic live-stream data mining analysis.
Furthermore, the final product consisted of this information
will benefit broadcast transmitters and IPTV service providers
in terms of having a more clear picture of what the viewers
requirements are, as they will be able to use that knowledge
while creating the content to be streamed to satisfy them in
the future. This will also provide a wider range of choice for
the viewers themselves, as more and more service providers
will keep trying to offer them exactly what they wanted to
watch on TV.

The ViSTA-TV approach has been depicted in Fig 2 [1].

B. OptiBand

Since IPTV gives telecommunication operators the opportu-
nity to compete in the video streaming market more success-
fully by providing HD and VoD TV services which challenge
the existing CATV and SAT providers, the motivation of
this FP7 project was to optimize the bandwidth, and more
importantly, the access line rates (predominately ADSL) for
the delivery of multiple HD streams over a single ADSL line,
and by that enabling multiple HD channels per household.

Due to the fact that cost optimisation and investment pro-
tection are mandatory requirements for any business decision
in the global economy environment, the key to the success of
OptiBand is leveraging the European and worldwide existing
ADSL deployments and providing seamless integration to
existing solutions and encryption schemes. Key role players
in the consortium are consisted of leading operators, vendors
and research entities in order to consider both academic and
economical aspects of the specific area.

Project objectives include: providing more HD video over
existing access technologies and IPTV networks, providing

scalable personalized quality of experience, as well as a
content aware data drop algorithm, and most importantly,
achieving all of these objectives while maintaining the existing
IPTV ecosystem intact. In order to achieve all these goals, the
development of this project is segmented in five phases, such
as requirements, research, development, integration and live
testing.

By achieving its own goals, the OptiBand project meets
the requirements of the FP7 calls- gaining leadership in key
scientific and technology areas, developing and strengthening
the human potential of European research etc [2].

C. W3TV

The W3TV project aims at providing a set of software
engineering methodologies and tools to develop market- com-
petitive web applications for Internet- enabled TV Consumers
Electronics and IPTV, as well as migrating them across dif-
ferent platforms (TV-CE products, product customizations and
IPTV services platforms.) The Consortium includes five SME
associations which promote the W3TV tools and methodolo-
gies, two SMEs that specialize in applications development,
as well as three RTD performers with impressive creden-
tials. Benefits include software engineering tools investment
reduction, new sales channels and new revenues, no need
for personnel training and specialization in IPTV service
architectures etc [3].

D. Vital Mind

The goal of this project is enabling the elderly to actively
participate in mind fitness exercises while watching TV by
using a combination of cognitive psychology, the TV medium
and advanced interactive ICT. The Consortium includes a
total of 8 partners, 4 of which are technology providers.
Benefits include design and development of elderly cognitive
activities, development of new methods for users control,
production of Authoring and Production tools for IDTV STB
and the development of usage of USB Flash-Device-UFD as
an alternative to a broadcast delivery system [4].

E. Network-Aware P2P-TV application over wise Networks
(NAPA-WINE)

As we already stated, the massive deployment of IPTV
platforms offers the opportunity to change the paradigm of
current TV broadcasting. However, IPTV services can be
provided either by exploiting IP multicast functionalities or
relying on a P2P (peer-to-peer approach). The advantage of
the P2P approach is that it overcomes the limit of using
only a closed network infrastructure by offering a scalable
infrastructure. Thus, this project aims at providing suggestions
for P2P developments and Internet providers regarding the
design of systems that minimize the impact on the underlying
transport network, and the cost actions that can be taken in
order to better exploit the network bandwidth respectively.
This was achieved by creating a software library containing
the studied algorithms, as well as releasing a network- aware
P2P-TV application [5].

113



 
 

4

F. Real-time context-aware and personalized media streaming
environments for large scale broadcasting applications (My-
E-Director 2012)

The main goal of this project was to develop a unique
interactive broadcasting service enabling end users to select
focal actors and points of interest within real-time broad-
casted scenes. The service resembles an intelligent director
who operates with minimal human intervention. It is being
implemented in the scope of large- scale multi actor, multi-
target environments and high-activity scenes. The delivery of
personalized video streams to the end users is supported by
a variety of channels including IPTV, DVB-T, DVB-H and
mobile networks. The final product is a prototype context-
aware broadcasting platform, offering personalized streaming
experiences to individual users or whole user communities and
enabling fixed and mobile users to enjoy a diverse range of
media services [6].

G. Inclusive Future-Internet Web Services (I2WEB)

This projects aims towards developing an inclusive future
Internet service front-end to address the challenges of web,
media convergence and user- generated content by using user-
centered design. The goals include developing compliance
tools for inclusive services usable by the broadest range of
users, and providing search for such services. These devel-
opments are prototyped with inclusive services in: Social
Networking/Web 2.0, Ubiquitous /Mobile Web and IPTV/iTV.
The I2WEB tools are delivered as Open Source ontologies
and SOA interfaces. This project delivers high-added-value
inclusive services, particularly by disabled and older users [7].

IV. DISCUSSION, CONCLUSION AND FUTURE WORK

Deeper analysis of the selected FP7 projects, leads to a
conclusion that IPTV is an new emerging technology that
represents a possible direction of future ICT ubiquitous and
pervasive computing solutions. We have presented basic IPTV
features and functionalities, the service architecture and types
of services that IPTV offers with analysis of the impact of
relevant FP7 projects.

Almost all research projects build the basic functionalities
and upgrade with added value, such as enhanced EPG in-
formation as the input for a holistic live-stream data mining
analysis (ViSTA-TV), providing video services with scalable
personalized quality of experience, as well as a content aware

data drop algorithm (OptiBand), designing market- compet-
itive web applications for Internet- enabled TV Consumers
Electronics and IPTV, which can be migrated across different
platforms (W3TV), enabling the elderly to actively partici-
pate in mind fitness exercises by using advanced interactive
ICT (Vital Mind), the design of a two-way emergency alert
system (EAS) with very high availability which implements
IPTV STB devices, reducing energy consumption in the IPTV
network etc.

Most of the recent FP7 projects related to IPTV are tech-
nology based, meaning that the main goal is to define new
concepts and architecture design issues. The others are ap-
plication oriented, addressing different areas, where the IPTV
might generate added value, making it not just a promising
technology support, but also a respected innovation.

Having learned that IPTV can rise many opportunities for
overall ICT growth, and technology assisted living, our future
work will be aimed towards implementing the functionalities
in new concepts and application areas, such as medicine,
economics, industry etc.
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Dynamic compensation of the gyroscope bias offset 
Rosen Miletiev 1, Radostin Kenov2, Ivaylo Simeonov 3, Emil Iontchev 4 

 
Abstract - The paper discusses the dynamic compensation of 

the gyroscope bias offset based on the calculation of the pitch, 
roll and yaw by the Kalman filter and the electronic compass. 
The compensation is based on the error from the comparison of 
the integrated gyroscope Z axis data and electronic compass data 
for the heading angle calculation. The compensation is very 
important if the magnetic field data are lost or there are 
magnetic disturbances caused by soft-iron or hard-iron effects. 
The experiments are accomplished to proof the gyroscope bias 
offset compensation ability of the system. 

 
Keywords - inertial navigation, kalman filter 

 

I. INTRODUCTION 

MEMS sensors allow the implementation of a lot of 
different functions, as free-fall detection, car navigation, map 
browsing, gaming, menu scrolling, motion control, vibration 
monitoring and many other applications. The integration of 
the inertial data defines the most important problem of this 
navigation system – an unlimited error accumulation [1]. 
Typical factors, which have influence on the inertial sensor 
accuracy may be described as follows – null offset (bias), 
temperature hysteresis, gyroscope sensitivity to the linear 
accelerations, sampling noise, non – orthogonal sensor axes, 
etc. [2,3]. The additive error leads to the unlimited error 
accumulation due to the data integration. The bias offset is the 
main source of integration errors in IMU systems when 
velocity and distance are calculated on the bases of the 
accelerometer and gyroscope data. In the most of cases these 
errors may be grow rapidly if the bias offset is not be 
compensated. But the bias offset depends from the 
temperature, supply voltage, chip statistics, etc. Therefore the 
bias offset could not be compensated by a static value, 
measured at the IMU system start. 

The system experiments are accomplished and the inertial 
data are processed via Kalman Filter to calculate the vehicle 
pitch and roll values which are used in the electronic compass 
to calculate the yaw (heading) angle. The results from the 
inertial navigation are compared with GPS data. 

II. SYSTEM DESCRIPTION 

The system block diagram is shown at Figure 1. It consists 
of the following main blocks used in the experiments: 

 IMU system – 9DoF system, consists of 3D linear 
accelerometer, 3D gyroscope and 3D magnetometer, 
which are integrated in the single IMU unit from Analog 
Devices (ADIS16405). This IMU system has a capability 
to measure the inertial and magnetic data up to 819Hz. 
The microcontroller read the data from the IMU system 
via SPI interface (MSSP2 module) 

 MMC/SD card – The additional flash memory up to 2GB 
is used to record the inertial, navigation and magnetic 
data. The microcontroller read/write the data from/to the 
MMC/SD card via SPI interface (MSSP1 module). 
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Figure 1. System block diagram 

 
 GPS receiver – The navigation data are obtained by the 

GPS/GNSS module (LEA 6S) produces by Swiss-based 
ublox. This module has been designed for low power 
consumption, low costs and UART, USB and DDC (I2C 
compliant) interfaces. The GPS receiver is capable to 
update the navigation data up to 10Hz. 
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 GSM/GPRS modem is used to send the navigation and 
inertial data to the database server at a real-time. It is 
based on the quadband GSM (LEON G100) produced by 
the same company due to the simple integration of u-blox 
GPS and A-GPS and quad-band GSM/GPRS, class 10. 

 Microcontroller – The 8-bit high performance RISC 
PIC18 microcontroller is used to read the navigation and 
inertial data and to control the external devices according 
to their position. The PIC18 microcontrollers are 
optimized for C programming and have advanced 
peripherals (SPI/I²C™, UARTs, PWMs, 10-bit ADC, 
CAN, etc.). 

The sampling frequency of the inertial data is limited to 
240Hz due to the limited time to send data to PC via RS232 
interface. This sampling frequency is also chosen because the 
inertial blocks from 40 frames are stored in the single block of 
MMC/SD card and the sampling frequency have to be multiple 
to 40Hz. 

The inertial data are read by the navigation processor, 
which use an EKF to calculate pitch and roll angles (Figure 2). 
The obtained results are used in the tilt-compensated compass 
to calculate the yaw angle. In the same time the gyroscope 
data are numerically integrated using trapezoidal rule to 
calculate the yaw angle (heading) of the moving object 
according to the equations [4]: 
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The tilt-compensated compass calculated the heading angle 

according to the equations [5]: 
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where rollpitch −− θφ , . 
 
The declination angle for Sofia (Bulgaria) is equal to 

+4°20′ [6]. The 3D magnetometer is also preliminary 
calibrated towards soft-iron and iron-iron effects according to 
the algorithm described at [7]. 

The signal processing algorithm for the dynamic 
compensation of the null bias is based on the comparison of 
the integrated gyroscope data and the output data of the 
Kalman Filter (Figure 3). The X and Y bias offsets are 
compensated in similar way but the feedback is connected 
respectively with roll and pitch signal from the Kalman Filter 
output.  

The comparison error is fed to smoothed filter (median 
filter, 61-th order) which removes the high frequency 
components before the differentiator block. The corrected 
gyroscope data are fed into the Kalman filter. 
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Figure 2. Block diagram of dynamic compensation of the null offset 
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Figure 3. Null compensation algorithm 
 

III. EXPERIMENTAL DATA AND ANALYSIS 

The dynamic compensation of the gyroscope null offset is 
tested on the road and the data are recorded on MMC/SD card 
and processed by MATLAB routine. The recorder track is 
shown at Figure 4. The selected course is passed three times to 
compare the long-time results. 

 

 
Figure 4. Experimental track (GPS data) 
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Figure 5. Heading angle from GPS data, EKF and Z gyro integration without bias compensation 
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Figure 6. Heading angle from GPS data, EKF and Z gyro integration with static bias compensation 
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Figure 7. Heading angle from GPS data, EKF and Z gyro integration with dynamic bias compensation 
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The system is placed between the front seats in the 
passenger car near the vehicle mass center and the IMU axes 
are orientated towards the vehicle axes according as follows: 

 X – parallel with the longitudinal axis 
 Y – parallel with the cross section axis 
 Z – parallel with the vertical axis. 

The experimental and processed data results are shown at 
Figure 5, Figure 6 and Figure 7.  

The raw (non-compensated) Z gyroscope data are 
integrated and the light grey line at Figure 5 shows the huge 
difference between the calculated heading angle and GPS 
COG (Course over ground) data and EKF COG values. The 
update rate of the GPS data is equal to 1Hz and the stepped 
COG form is clearly visible. In the same time the inertial data 
are updated with 240Hz rate and the EKF heading data 
produce a high resolution picture of the motion. 

The static bias offset compensation also gives an inaccurate 
heading angle (Figure 6). The static compensation is 
accomplished by averaging of the first 1200 samples (5 
seconds) when the system is fixed. The error between the real 
and the calculated heading angle from the gyroscope data also 
varies in the time, because the bias offset depends mainly 
from time, temperature and supply voltage, so the ADIS16405 
has a built-in Gyroscope Automatic Bias Null Calibration [8]. 

The results from the dynamic bias offset compensation are 
shown at Figure 7. It is clearly visible the accurate data from 
the gyroscope integration data – the difference between the 
GPS COG data (dark grey line), EKF output heading angle 
(black line) and gyroscope heading angle (light grey line) does 
not exceed 2°. Simultaneously the static compensation 
produces up to 20° heading error and the integration of the 
non-compensated data are totally degraded in comparison 
with the GPS COG and EKF output data.  

The experiments show that this accuracy remains 
unaffected during all test period of 10 minutes while the static 
compensation could be used up to 5 minutes. 

IV. CONCLUSIONS 

The paper represents the dynamic compensation of the null 
bias of the MEMS gyroscopes. It is shown that the proposed 

compensation produces up to 2° heading error while the static 
one may compensate the error for a limited period of time and 
the heading error shows a cumulative disposition in the time.   

The proposed algorithm could be implemented in the 8-bit 
microcontrollers because the Kalman filter calculations may 
be significantly simplified and the used smoothed filter is 
based on the sorting process which does not require additional 
calculations. 

The IMU system may be used for inertial navigation based 
on the EKF (Extended Kalman filter) due to the high sampling 
frequency and small integration errors, gaming, motion 
control, gyro stabilized platforms, MVEDR (Motor Vehicle 
Event Data Recorder) systems or crash monitor for aircrafts, 
trains or cars. 

ACKNOWLEDGEMENT 

This paper was prepared and supported by the National 
Fund under contract number No.DTK02/2-2009. 

REFERENCES 

[1] Grewal M.S., Weil L.R., Andrews A.P., Global Positioning 
Systems, Inertial navigation, and Integration, John Willey & 
Sons, Inc., 2001 

[2] Parkins B. W., Spilker J. J., Eds., Global Positioning System: 
Theory and Applications. Washington, DC: Amer. Inst. 
Aeronautics Astronautics, 1996, vol. II. 

[3] Walchko K. J., Low Cost Inertial Navigation: Learning To 
Integrate Noise And Find Your Way, A Master Of Science 
Thesis, University Of Florida, 2002 

[4] Martin Arraigada, Manfred Partl - Calculation of displacements 
of measured accelerations, analysis of two accelerometers and 
application in road engineering, 6th Swiss Transport Research 
Conference, Monte Verità / Ascona, March 15 – 17, 2006 

[5] Chris Valenti,Microchip Technology Inc.AN996 - Designing a 
Digital Compass Using the PIC18F2520 microcontroller, 2005 

[6] http://magnetic-declination.com/ 
[7] Thomas Stork,Philips Semiconductors, AN00022 - Electronic 

Compass Design using KMZ51 and KMZ52, 2000 
[8] ADIS 16405 datasheet - http://www.analog.com/static/imported-

files/data_sheets/ADIS16405.pdf

 
 

120



 
 

Simulation of Codec for Adaptive Delta Modulation 
Rumen P. Mironov1 

 
Abstract –Software model of Adaptive Delta Modulation 

Codec for one dimensional signals is developed. The presented 
codec is simulated on Simulink for Matlab 6.5 environment and 
the obtained results for real sound signals are evaluated by the 
calculation of MSE and SNR for the decoded signals.  

Keywords – Digital Signal Processing, Linear Prediction, 
Adaptive Data Compression, Matlab Simulation. 

I. INTRODUCTION 

The basic methods for digital signal compression are 
lossless and lossy compression. Due to the low coefficient of 
information reduction, the first group of methods is used most 
frequently in archiving systems and didn’t find widespread 
use in the information transmission systems. The methods for 
lossy compression are divided into three groups: statistical, 
psychoacoustic and transforms methods ([1], [2], [3] and [4]). 
The psychoacoustic compression methods are based on the 
shortcomings of the human hearing system and are suitable 
only when the recipient of the recorded signals is a man. The 
transformation methods provide a high degree of information 
reduction and work mainly on the basis of unitary 
transformations ([3], [4]), for which after decompression the 
specific block distortions are received. Statistical compression 
methods are based on the reduction of the information 
redundancy of the transmitted signals and proceed in two 
stages: decorrelation of communication signals and reduction 
of binary digits, necessary for transmition of signals ([1], [2]). 
One of the simplest and most convenient for practical 
implementation methods for decorrelation is the method for 
delta modulation ([2], [5]). 

   An adaptive method of linear prediction coding for one 
dimensional digital signals, based on delta modulation and 
adaptation step quantization [6] is presented. From the 
developed mathematical equations a general block scheme of 
Adaptive Delta Modulation Codec (ADMC) is synthesized 
and experimental results from the simulation by Simulink for 
Matlab 6.5 environment for test signals are given. 

II. MATHEMATICAL DESCRIPTION 

We will assume that the correlation covers n  neighborhood 
elements of the input digital signal, represented by the 
stationary series { })i(x  with nN >  values, which have zero 
average component and correlation function )r(Rx  for: 

10 −= n,r . Then the basic equation of the linear prediction 
will be presented by the following way: 

∑
−

=
− −=+−++−=
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where: )i(x̂  is the value of the predicted element from the 
input signal )i(x . The prediction error is described by the 
equation: 

)i(x̂)i(x)i(e −= ,           (2) 
and the quantization error - by the equation: 

[ ])i(eQ)i(eq =  .            (3) 
The optimal values of the weighted coefficients can be 

calculated after the minimization of mean square error of the 
prediction. From the Eqs. (1) and (2) follows: 
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where E is the averaging operator. 
The partial derivative of )i(e2  with respect to any weight 

coefficient la can be expressed as: 
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Once equated to zero and transformed, from the upper 

expression is obtained: 
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The autocorrelation function of the digital signal, presented 
with the series { })i(x  is: 
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From the Eqs. (5) and (6) the following expression is 
obtained: 
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For 11 −= n,l equation (7) represents a linear system with 
1−n unknowns. After calculation of Eq. (7) the optimal 

values of the prediction coefficients of the delta modulation 
are: 

.n,k,a);(R/)(Ra kxx 12for0011 −===         (8) 
From Eqs.(1) and (8), the predicted element and the 

quantization error can be calculated by the following: 
 )i(x)i(x̂ 1−≈  ,         (9) 
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In the rapidly changing areas of the signal, where ξ  is too 
small to represent the input’s largest changes, a distortion 
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known as slope overload occurs. Moreover, when ξ  is too 
large to represent the input’s smallest changes, granular noise 
appear. In one dimensional and two dimensional signals, as is 
shown in (7), these two phenomena lead to blurred object 
edges and grainy or noisy surfaces. 

To reduce the described errors an algorithm for adaptive 
computation of the step of the quantized error a

qe is proposed. 
This is shown in Tabl.1. 

Tabl.1. 
)i(eq  )i(eq 1−  )i(eq 2−  )i(ea

q  
1 1 1 +2 
0 0 0 -2 
1 0 1 +0.5 
0 1 0 -0.5 
1 1 0 +1 
0 1 1 -1 
1 0 0 +1 
0 0 1 -1 

 
The following equations are used for decoding of signals: 

)i(ˆ)i()i( xex ′+′=′ ,         (11) 

[ ])i(Q)i( qe1−=′e .          (12) 

The synthesized by the equations from (1) to (10) adaptive 
delta modulation codec (ADM) is shown on Fig. 1. On Fig. 2 
and Fig.3 the synthesized coder and decoder blocks for ADM 
are shown respectively. The presented schemes are developed 
through the Simulink package for Matlab 6.5 environment and 
included the following units: 

 – input unit;  

 – output unit;  

  - input unit from wave file; 

   - output unit to wave file; 

  - input unit for buffered reading from file; 

 - multiplication unit; 

 - delay unit for one cycle; 

      - addition/subtraction unit; 

      - oscilloscope (GUI output); 

       - multiplexer ( n,...,32 inputs, vector output); 

  - S-function (user defined function in 
Simulink).  

III. Experimental Results 

The developed ADM codec is used for simulation on Matlab 
6.5 environment of real audio signals (WAV file format, 1 
channel (mono), 16 bits, 44.1 KHz sampling rate).  

The mean squared error of the transformation is calculated 
by the equation: 

.)i(e.
N

N

i
∑
=

=
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22 1ε  

 
Fig. 4. Input signal )i(x  

 
Fig. 5. Output predicted signal )i(x̂ . 

The input test signal and output signal are shown on Fig.4 
and Fig.5 respectively. On Fig.6 the input and output signals 
are shown together (visualized from the oscilloscope Scope 
4). On Fig.7 the same signals are visualized by the zooming in 
horizontal direction (from 0.031s to 0.0324s). 
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Fig. 6. Input and output predicted signal MUX{ )i(x , )i(x̂ }. 

 
Fig. 7. Input and output signal MUX{ )i(x , )i(x̂ } (zoomed). 

 

Fig. 8. Input and error signal MUX{ )i(x , )i(e }. 

On Fig.8 the input signal and the error signal are visualized 
together and on Fig. 9 the output code is presented. 

 

 
Fig. 9. Output code. 

IV. CONCLUSION 

  An adaptive method for coding of one-dimensional digital 
signals, based on the delta modulation techniques and 
adaptation of the quantization error is presented. From the 
developed mathematical equations an algorithm and a general 
block scheme of adaptive delta modulation codec is 
synthesized and experimental results from the simulation by 
Simulink for Matlab 6.5 environment for test signals in WAV 
format are given. 

The developed ADM codec provides minimum processing 
error and lied to increase of PSNR with about 0.3 dB in 
comparison with other non-adaptive prediction codecs. 

The presented simulation model can be used in digital 
signal processing for spectral analysis, coding and 
transmission of one-dimensional signals and in distance 
learning by the using a Matlab Web Server. 

The developed codec is used in laboratory work on the 
disciplines: "Image and Signal Processing" and "Audio and 
Video Communication on Internet" and in the experimental 
work in laboratory "Electronic System for Visual 
Information" in Technical University of Sofia. 
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Fig. 1. ADM Codec. 

 
Fig. 2. ADM Coder. 

 
Fig. 3. ADM Decoder. 
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Omnidirectional Sound Sources for Usage in a Small 
Anechoic Chamber 

Dejan Ćirić1, Marko Janković2 and Aleksandar Pantić3 

Abstract – According to relevant standard and accepted 
practice, evaluation of the performance of an anechoic chamber 
is based on the measurements of sound pressure levels as a 
function of distance from an omnidirectional sound source. In 
order to qualify the realized small anechoic chamber, two 
specific omnidirectional sound sources of small dimensions are 
developed. The first source is in the form of cube containing six 
small loudspeakers, while the second source is a configuration of 
two small face-to-face loudspeakers. Their characteristics are 
measured and the results are discussed in this paper.  
 

Keywords – Sound sources, Omnidirectional radiation, 
Directivity measurements, Anechoic chamber, Free field. 
 

I. INTRODUCTION 

An anechoic chamber represents a room (closed space) in 
which a free field is obtained. It is preferred environment for 
making various acoustic measurements, calibrations and tests 
[1,2]. Such a room is quite expensive, and it is not easy for 
institutions to afford it. This is why a small anechoic chamber 
of effective volume of 0.4 × 0.8 × 1.2 m3, that is, 0.384 m3 has 
been recently realized at the Faculty of Electronic Engineering 
in Niš. 

One of the most important properties of an anechoic 
chamber is the deviation of the existing sound field from an 
ideal free field. For assessing this property, a point 
(omnidirectional) sound source spherically radiating sound is 
placed in the anechoic chamber while the response is 
measured along different traverses [3-5]. Generally speaking, 
the measured deviations depend not only on room reflections, 
but also on the directional characteristics of the transducers. 
Since real sound sources have finite dimensions, it is difficult 
to use a point source in practice. Additionally, the sound 
output of small sources is limited.  

In the studies dealing with the qualification of anechoic 
chambers (ordinary sized and small ones), various sound 
sources have been applied [1-6]. For the purpose of testing 
small anechoic chamber at the Faculty of Electronic 
Engineering in Niš, two different sound sources are 
developed: the source in the form of cube with six small 

loudspeakers (cubical source) and the source comprising two 
small loudspeakers positioned face-to-face. These sources and 
some of their characteristics are presented in this paper. Focus 
is on the directivity pattern and stability of sound power 
radiation. 

II. SOUND SOURCES USED IN OTHER RESEARCHES 

The requirements for instrumentation and measurement 
equipment applied for assessing an anechoic chamber are 
defined in the relevant standard (ISO 3745) [7]. The test 
sound source should approximate a point source over the 
frequency range of interest, it shall be relatively 
omnidirectional and able to generate sufficient sound output. 
Furthermore, it is specified that one or more sources may be 
used to cover the frequency range of interest. Regarding the 
sound power level, it should not vary more than ±0,5 dB in 
any one-third-octave band in the frequency range of interest 
during the measurements. One of the most important features 
of the test source is its directionality that should be uniform to 
within the allowable deviations given in Table I [7]. 

TABLE I 
ALLOWABLE DIRECTIONALITY DEVIATIONS OF THE TEST SOURCE [7] 

One-third-octave 
band frequency (Hz) 

Allowable deviations 
in directionality (dB) 

≤ 630 ± 1.5 
800 to 5000 ± 2.0 

6300 to 10000 ± 2.5 
> 10000 ± 5.0 

 
By definition, a point source has small dimensions with 

respect to the radiated wavelength. However, instead of using 
small sources, a compromise is often made by using larger 
sources and restricting measurements to the far field region. In 
that regard, two requirements must be satisfied: 

 ( ) ,36and2or      222 λλ >>><< rlrrl  (1) 

where l is the largest dimension of the source, r is the distance 
from the source and λ is the wavelength of sound [6]. 

The standard ISO 3745 [7] indicates some of the sources 
that could be applied for assessing the performance of an 
anechoic chamber. For example, at frequencies below 800 Hz, 
an electrodynamic loudspeaker in a sealed box having 
dimensions less than one-tenth of a wavelength may be 
suitable. At frequencies up to 10 kHz, a suitable source may 
be acoustically shielded compression driver attached to a 
tapered cylindrical tube, where the tube should have a length 
of 1.5 m and an outlet diameter of 6 mm.  
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University of Niš, Aleksandra Medvedeva 14, Niš 18000, Serbia, E-
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In practice, various sound sources have been applied for an 
anechoic chamber qualification, and in majority of cases, not 
only one but more sources are used, each for different 
frequency range. At low frequencies (up to 200 or 300 Hz), a 
loudspeaker (e.g. 200 mm in diameter) in a box (baffle) is 
typically employed, see [1,2,5]. At somewhat higher 
frequencies and in a wider frequency range (from 200 to even 
6300 Hz), a source applied in several studies consists of two 
loudspeakers (from 125 to 200 mm in diameter) bolted 
together face-to-face with or without spacer (e.g. 55 mm), see 
[1,2,5]. Alternatively, in this frequency range, an electro-
dynamic microphone modified to simulate a 30 mm diameter 
piston set in a 40 mm diameter sphere [4] or a 100 mm cone 
loudspeaker [6] has been used as a source. Achieving 
omnidirecionality at higher frequencies represents even more 
serious problem. One of the preferred solutions in this range is 
a small diameter tube (20 mm or less) driven by pressure 
chamber loudspeaker [2].  

Although the mentioned sound sources are intended to be 
used as omnidirectional, their radiation patterns deviate to 
some extent (greater or smaller depending on the source) from 
omnidirectionality. In some cases, their directional 
characteristics are even not presented.  

III. DEVELOPED SOUND SOURCES 

In the realized small anechoic chamber, a regularly sized, 
for example, dodecahedral source could not be used due to its 
dimensions. Instead, the sound source has to be of small 
dimensions. More precisely, the volume of the sound source 
should be at least 200 times smaller than the chamber volume 
[7]. This means that in this particular case the source volume 
should be 1.92⋅106 mm3 or smaller, that is, an average 
dimension of the source should be at most 124 mm. In a 
similar case of qualifying miniature anechoic chamber, a 
modified hearing aid was used as a sound source [3].  

Two sound sources are developed for qualifying the 
realized small anechoic chamber, but also for later usage in 
this chamber. The first source is cubical source containing six 
small identical loudspeakers, one loudspeaker on each side of 
the cube. The second source represents a configuration of two 
same loudspeakers (used for cubical source) in a face-to-face 
position. Similar sources have been already used in the 
literature [8]. 

The cubical source is made of medium-density fibreboard 
(MDF) of thickness 18 mm, see Fig. 1(a). In this way, the 
housing of loudspeakers is hard and weight enough not to 
cause internal vibrations. Besides, it is filled with absorbing 
material to prevent standing waves in the cube. The face-to-
face loudspeakers are hold by a specific metal construction 
(shown in Fig. 1(b)) that enables various distances to be set 
between the loudspeakers. 

Since the low frequency cut-off of the anechoic chamber is 
estimated to be above 400 Hz, it is not required that the sound 
sources are efficient radiators at low frequencies. Besides, the 
aims are to achieve omnidirectionality and stability of sound 
power radiation as close as possible to the criteria defined in 
[7] in the frequency range above 400 Hz. 

 

     

Fig. 1. Realized sound sources: (a) cubical sound source, and (b) 
face-to-face loudspeakers 

IV. MEASUREMENT METHOD 

In this stage, two sources characteristics were measured: the 
radiation directivity and stability of sound power emission. 
Since these measurements are the initial ones, the radiation 
directivity was measured only in horizontal plane, while 
directivity in other planes will be measured in the next phases. 
The directivity determination was based on impulse response 
measurements applying swept sine technique. The exponential 
swept sine signal of duration of 20 s, and frequency range 
from 20 Hz to 22 kHz was applied as the excitation signal. 

The measurement system consisted of a computer, external 
sound board (M-Audio Fast Track Pro audio interface), audio 
amplifier (Sony TA-FE510R), condenser measuring 
microphone (Brüel Kjær Type 4144) with preamplifier (Brüel 
Kjær Type 2119) and power supply (Brüel Kjær Type 2807). 

As the anechoic chamber has not been qualified yet, the 
measurements were carried out in pseudo-anechoic 
conditions. For that purpose, the measurement system (the 
sound source and measuring microphone) was placed 
approximately at the centre of one of the laboratories at the 
Faculty of Electronic Engineering in Niš, similar to a 
classroom. The obstacles were removed from this region, so 
that distance to the first obstacles was greater than 1.5 m. In 
this way, the distance in time between the direct sound and the 
first reflection was about 10 ms allowing identification and 
cutting off all reflections.  

The microphone was fixed, and the tested sound source was 
rotated around its horizontal axis. The resolution for 
directivity measurements was 10°, so 36 impulse responses 
were measured (from 0° to 350°) plus one additional control 
response (for 360°). The measurements of stability of sound 
power emission were performed so that the impulse responses 
were measured under the same conditions, but in different 
time instants. 

Processing of the extracted parts of the impulse responses 
(free from reflections) was performed in the frequency 
domain. It is based on determination of the response spectrum. 
For the cubical sound source, since there is no obvious 
direction of maximal radiation (reference axis, that is, 0°), this 
axis is determined as the direction yielding maximal levels in 
the pre-defined frequency range. The reference axis for the 
face-to-face loudspeakers is the direction passing through the 
centres of both loudspeakers.  
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V. MEASURED CHARACTERISTICS 

Since the whole concept of small anechoic chamber is 
based on low-cost platform, then small wideband low-cost 
loudspeakers of approximately 75 mm in diameter are used 
for realization of both mentioned sound sources. The 
frequency response of one of these loudspeakers is presented 
in Fig. 2. In the same figure, the frequency responses (on the 
reference axes) of the cubical sound source and face-to-face 
loudspeakers with space of 60 mm and without any space 
between them are shown. These responses are shifted in levels 
due to visibility reason. 
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Fig. 2. Frequency responses of the realized sound sources on the 
reference axes: (⎯) individual loudspeaker, (---) cubical source, 
face-to-face loudspeakers (⋅⋅⋅) with the space of 60 mm and (-⋅-) 

without space between them  
 
The directivity patterns are determined at number of 

frequencies. Since 10 ms of the measured impulse responses 
is typically used, the resolution in frequency domain is about 
100 Hz. Some typical directivities for cubical sound source 
are shown in Fig. 3. The source can be considered to be 
omnidirectional approximately up to 1 kHz or eventually 1.5 
kHz, where the deviations from omnidirectionality are below 
or only somewhat above those given in Table I. Above that 
frequency, the source becomes directional. At frequencies up 
to several kHz (4 kHz or somewhat above), there are four 
main lobes (directions of radiation) that correspond to the 
positions of the loudspeakers on the cube. At higher 
frequencies, the directivity patterns become specific and 
complex as can be seen from Fig. 3(b).  

The directivity patterns for face-to-face loudspeakers with 
space of 60 mm between them at some characteristic 
frequencies are shown in Fig. 4. In this case, it could be hardly 
considered that the omnidirectionality is achieved at any 
frequency. In the greatest part of the frequency range, the 
radiation is close to bi-directional (figure of eight) with certain 
deviations. At frequencies above 2 kHz, the radiation becomes 
somewhat wider, and in the range between 5 and 6 kHz is 
closest to omnidirectional pattern (but the deviations even 
here are up to 5 or 6 dB). At higher frequencies, the pattern is 
again close to bi-directional, but with a number of smaller 
lobes in different directions. 
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Fig. 3. Directivity patterns in horizontal plane for cubical sound 
source at certain frequencies 
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Fig. 4. Directivity patterns in horizontal plane for face-to-face 
loudspeakers with space of 60 mm between them 
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Changing the distance between the loudspeakers in face-to-
face configuration, the directivity of the source also changes, 
which is illustrated in Fig. 5. At frequencies below 1 kHz, the 
source radiates in all directions although not as uniform as the 
cubical sound source. Between 1 and 2 kHz, the radiation 
becomes bi-directional, but with rather wide pattern. In 
relatively narrow range between 2 and 2.5 kHz, the directivity 
is almost uniform, while above 2.5 kHz the radiation at 
directions at 90° and 270° is reduced. This trend continues 
until 3.5 kHz, where the pattern at the mentioned directions 
(90° and 270°) becomes again wider. At higher frequencies, 
firstly four main lobes differentiate, and after that (above 7 
kHz), the radiation becomes again bi-directional. 
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Fig. 5. Directivity patterns in horizontal plane for face-to-face 
loudspeakers without space between them at certain frequencies 
 
Stability of sound power emission is illustrated in Fig. 6, 

where five frequency responses for each of three sources 
configurations are presented. They were obtained in the 
measurements under the same conditions in the time period of 
approximately 10 minutes. These measurements were not 
carried out on the reference axes of the sources and this is the 
reason for differences in the responses in Fig. 2 and 6. 

VI. CONCLUSION 

Small low-cost sound sources (cubical and two 
configurations of face-to-face loudspeakers with space of 60 
mm and without space between them) are developed with the 
aim to have stable and omnidirectional source for qualifying 
small anechoic chamber and for later usage in this chamber. 

While stability of sound power emission is confirmed through 
the measurements, achieving omnidirectionality is shown to 
be more problematic. The face-to-face configuration with 
space of 60 mm between loudspeakers is bi-directional in the 
greatest part of the frequency range, while two other 
configuration could be considered to be omnidirectional in a 
certain frequency range. Combining these two sources the 
omnidirectionality could be achieved in a wider range. 
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Fig. 6. Five frequency responses of the realized sound sources 
measured under the same conditions in different time instants: 

(above) cubical source, (middle) face-to-face source with space of 60 
mm and (below) without space between loudspeakers  
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Practical realization and analysis of shotgun microphone 
prototype 

Marko Janković1, Dejan Ćirić2 and Marko Stamenković3 

Abstract –Directivity of a microphone plays an important role 
in the microphone selection for a specific application. For 
adequate suppression of ambient noise and reflected sound in 
applications such as news gathering, wildlife recording or 
recording a dialog on movie and television sets, directivity of a 
standard microphone is not enough. For that purpose, highly 
directive microphone such as microphone with a waveguide, 
called shotgun, interference or rifle microphone is preferred. In 
this paper, a practical realization of a low-cost shotgun 
microphone prototype is presented. Its features are analyzed 
with focus on directivity characteristics that are measured in 
pseudo-anechoic conditions. Special attention is paid to the 
effects of the interference tube and its slots. 
 

Keywords – Shotgun microphone, Directional response, Polar 
pattern, Interference tube. 
 

I. INTRODUCTION 

Ability of a microphone to respond to sounds coming from 
different directions around the microphone, called polar 
pattern, is of extreme importance in the microphone selection. 
Specific applications require adequate suppression of ambient 
noise and reflected sound and for that purpose highly directive 
microphone is preferred. There are three main types of these 
microphones [1-3], and a number of commercial microphones 
can be found on the market. They have different constructions 
that greatly affect their features. 

From an acoustical point of view, one of basic types of 
highly directive microphones is a microphone with waveguide 
representing a tube with slots connected to a chamber where a 
microphone is positioned [4,5]. Sounds arriving from the sides 
enter trough a number of slots in the interference tube. In this 
way, sounds travelling through different paths have different 
phases. Some frequencies tend to be canceled, partly or 
completely, while some others tend to be amplified. Crucial 
factor for attenuation (or amplification) is the source position 
relative to the microphone axis. 

Construction of the interfence tube and its slots is of special 
importance for microphone directivity [4]. This has been a 
motive to analyze the function of a shotgun microphone 
presented in this paper. For that purpose, a low-cost shotgun 

microphone prototype is realized. Its directivity characteristics 
are measured in pseudo-anechoic conditions. Special attention 
is paid to the effects of the interference tube and its slots.  

II. HIGHLY DIRECTIVE MICROPHONES 

For many applications, it is necessary to use a microphone 
with directional properties exceeding those of the first-order 
cardioid family. For example, in video industry, dialog pick-
up on the shooting set is usually done by an overhead boom 
microphone, which must be clearly out of the scene. Sport 
events and other activities with high ambient noise levels may 
require highly directional microphones for noise immunity. 
Recording in reverberant spaces may require such 
microphones to enhance music clarity. Furthermore, field 
recording of natural events such as bird calls may call for 
operation at great distances. In such applications, usage of 
highly directional microphones is essential in order to ensure 
both speech intelligibility and a subjective sense of intimacy.  

Highly directional microphones represent microphones with 
directivity patterns the main characteristic of which is frontal 
lobe that is significantly narrower than any other conventional 
microphone type [1]. These microphones typically have a total 
angle of pick-up of ±20°. There are basically three principal 
methods of achieving such a pattern: microphone with a 
waveguide (interference tube), parabolic reflector and 
microphone array [1-3,6]. 

The microphone with interference tube [4-8] is 
schematically shown in Fig. 1. Sounds that come off the tube 
axis and enter the slots arrive at the microphone diaphragm at 
different times, depending on which part of the tube they 
entered [1]. As a consequence, sound could be cancelled 
because of phase cancellation. The amount of cancelation 
depends on the angle of incidence and the wavelength. A 
significant degree of cancellation appears only if the sound 
wavelength is less than the acoustic length of the tube. This is 
why majority of interference tubes are of an effective length 
of about 50 cm. These microphones are not particularly 
directional below about 500 Hz. A certain improvement in the 
directivity characteristics can be obtained if the basic 
microphone capsule is made to have a cardioid directivity, as 
shown in Fig. 1.  

 

slotted tube

microphone diaphragm

apperture to give
cardioid characteristic

 

Fig. 1. An interference tube microphone  
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Parabolic reflector microphone is a specific configuration 
where a microphone is placed at the focus of a parabolic 
reflector [3]. In this way, very narrow-angle lobes can be 
obtained (e.g. ±3°), but only when the sound wavelengths are 
significantly smaller than the diameter of the parabolic dish 
[1]. The maximum diameter of such a dish is likely to be 
about 50 cm for most practical applications. In this case, the 
system is omnidirectional below about 150 Hz, and highly 
directional only above about 2 kHz. 

The third method for achieving high directivity is based on 
an array of microphones [2]. Such an array (electronically 
steerable) can provide multiple beams from different 
directions simultaneously. Furthermore, it can be designed 
with a much better directivity than what is attainable with the 
best shotgun microphone [2]. The accompanied signal 
processing can be often very complex. 

III. REALIZATION OF A SHOTGUN MICROPHONE 
PROTOTYPE 

In spite of some advantages that microphone arrays posses, 
when the goal is to achieve the highest possible directivity and 
signal-to-noise ratio with high signal fidelity, shotgun 
microphones are still state-of-the-art [7]. On the contrary to 
microphone arrays, when shotgun microphones are properly 
designed, they do not suffer greatly from inconsistencies and 
sound color artifacts. There is a general rule in shotgun 
microphones, the higher the frequency the narrower the beam 
formed by the pipe (interference tube). In the frequency 
region where the pipe is shorter than the wavelength, a shogun 
microphone achieves merely a super-cardioid directivity.  

Function of a shotgun microphone can be analyzed by 
simulations. A traditional way to model the directional 
response of a shotgun microphone is to assume plane waves 
travelling in the tube as it is in the free field. Such an 
approach is implemented in Matlab in order to get a picture of 
a microphone behavior. Unfortunately, the frequency response 
and directivity predicted by this traveling wave model can 
differ drastically from practical measurements, as shown here 
and in the recently published paper [4]. Nevertheless, the 
results from the simulation together with the results published 
in the literature are used as the approximations of the 
microphone working principles.  

For realization of a shotgun microphone prototype, it is 
decided to develop an adaptable configuration with a case 
where different microphones can be built in, and where 
different tubes can be attached to. The microphone case is 
realized from aluminum enabling lightweight construction. 
The case is used for placing the microphone, associated 
electronics and power supply (battery of 1.5 V), see Fig. 2.  

The waveguide (interference tube) is also made of 
aluminum. It is attached to the microphone case by the threads 
made on both the microphone case and the tube. In this way, 
the tube is simply screwed on the case. Different tubes can be 
attached to the case. In this initial phase, only one tube is 
made. Its length is 173 mm, the diameter is 21 mm and 
distance between the first and last slot is 153 mm (see Fig 3). 
The slot width as well as the distance between two adjacent 
slots is 3 mm. On the front side of the tube, there is a mesh 

whose function is to prevent foreign object entering the tube. 
The mesh can be replaced by the lid which could completely 
close the tube from the front side. Commercial shotgun 
microphones with similar dimensions can be found on the 
market, where directivity is dominantly achieved at middle 
and high frequencies. 

 

 

Fig. 2. Case of the shotgun microphone (left) with position of the 
condenser (electret) microphone in the case (right) 

 

 

Fig. 3. Realized shotgun microphone prototype (the interference tube 
(above) and the whole microphone of length of 242 mm (below)) 

 
Since the aim was to realize the low-cost highly directional 

microphone system, the microphone itself is a low-cost 
electret microphone of relatively high sensitivity of -38 dBV 
(high for this type of microphone). Its diameter is 
approximately 5 mm, and it is coupled to the tube by a hole of 
only somewhat smaller dimension. 

IV. DIRECTIVITY MEASUREMENTS 

Since one of the main properties of shotgun microphones is 
the directivity, it is measured here for the realized prototype. 
In this initial phase, only the directivity in horizontal plane of 
the microphone with only one attached tube was measured. 
Generally speaking, measurements of directional response of 
microphones are carried out in an anechoic chamber. 
However, since small anechoic chamber realized at the 
Faculty of Electronic Engineering in Niš has not been 
qualified yet, the directivity of the shotgun microphone was 
measured in pseudo-anechoic conditions. All obstacles from 
the central part of a laboratory similar to a classroom were 
removed. In this central area, an omnidirectional 
(dodecahedral) sound source and the microphone prototype 
were placed, see Fig. 4. Distance between the sound source 
and microphone was about 1.5 m, and the distance to the first 
obstacles including floor and ceiling was also approximately 
1.5 m. 
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Fig. 4. Setup for directivity measurements of the realized gunshot 
microphone prototype 

 
The directivity is determined by measuring broadband 

impulse responses applying the swept sine technique. As an 
excitation signal, the exponential swept sine of duration of 20 
s and frequency range from 20 Hz to 22 kHz was used. The 
measurement system consisted of a computer, external sound 
board (M-Audio Fast Track Pro audio interface), audio 
amplifier (Sony TA-FE510R) and dodecahedral sound source. 

The source was fixed, and the microphone was rotated 
around its axis in the horizontal plane. The resolution was 10°, 
so 36 impulse responses were measured (from 0° to 350°) plus 
one additional control response (for 360°). Since there were 
no obstacles closer than 1.5 m, the first reflections were 
shifted away from the direct sound for approximately 10 ms in 
the measured impulse responses. The part of the response with 
direct sound and without reflections was windowed out and 
transformed to the frequency domain. The directivity pattern 
was determined at different frequencies based on these 
frequency responses. The frequency resolution was 
approximately 100 Hz. 

The directivity was measured for several microphone 
configurations: I) only for the microphone in the microphone 
case (without interference tube), II) for the microphone with 
the tube closed on the front end (covered with the reflective 
lid), and with the mesh on the tube front end, where the slots 
of the tube were in III) horizontal and IV) vertical plane. 

V. DIRECTIVITY OF THE SHOTGUN MICROPHONE 
PROTOTYPE 

Repeatability of the measurements was tested by repeating 
the measurements under the same conditions. The results 
confirm that very small deviations (smaller than 0.5 dB) are 
obtained among these impulse, that is, frequency responses. 
Somewhat greater deviations appear between the results for 
the first (done for 0°) and last (done for 360°) measurement. 
They are caused by inability to place the microphone in 
completely the same position. 

Some characteristic directivity patterns for the 
configuration I (microphone with the case, but without the 
tube) are shown in Fig. 5. It can be noticed that the 
microphone itself (with the case) is omnidirectional at low and 
mid frequencies. It becomes somewhat directional (with 

specific directivity) in the range above 4 or 5 kHz. At the 
highest frequencies (above 10 kHz), it is almost one-
directional, but with relatively wide lobe, as shown in Fig. 
5(b). 
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Fig. 5. Directivities in horizontal plane for configuration I (only the 
microphone in the microphone case (without interference tube)) 
 
The shotgun microphone with the tube closed on the front 

end (configuration II) is also omnidirectional up to 
approximately 4 or 5 kHz, see Fig. 6(a). Above that 
frequency, the microphone becomes one-directional. In that 
regard, the higher the frequency, the narrower the directivity 
lobe (see Fig. 6(b)). The pick-up angle is smaller than about 
30° at frequencies above 10 kHz. Almost the same directivity 
is obtained for the microphone with the mesh on the tube front 
end and slots in the horizontal plane (configuration III). These 
results are not shown here due to lack of the space. 

Similar trends in directivities are also obtained for the slots 
in vertical plane (configuration IV), but the shapes of 
directivity patterns are somewhat different, as shown in Fig. 7. 
The frontal lobes (Fig. 7(b)) are somewhat wider in the region 
close to the reference axis. 

The frequency responses for all four configurations 
measured on the microphone axis are presented in Fig. 8. The 
levels for configurations II, III and IV (shotgun microphone 
with the tube) become to be greater than the levels for the 
configuration I (microphone without the tube) at frequencies 
already above 1 kHz. The differences between these levels 
yield the transfer characteristic of the interference tube itself. 
The shape of these responses is also affected by the response 
of the source, which is not supposed to be an effective radiator 
at the highest frequencies. 
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Fig. 6. Directivities in horizontal plane for configuration II 
(microphone with the tube closed on the front end) 
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Fig. 7. Directivities in horizontal plane for configuration IV 
(microphone with the mesh on the tube front end where the tube slots 

are in vertical plane) 
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Fig. 8. Frequency responses of four microphone configurations (I to 
IV) on axis  

VI. CONCLUSIONS 

The presented shotgun microphone prototype is adaptable 
in the sense that the microphone and tube can be replaced by 
other ones. Directivities in the horizontal plane for several 
microphone configurations are measured. It has been shown 
that the interference tube enables the microphone to be one-
directional at frequencies above approximately 5 kHz. This is 
somewhat higher frequency than expected. In the next phases 
of the research, it will be tried to achieve one-directional 
pattern at lower frequencies by longer tubes, different slots 
configurations and more sensitive microphones. 
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EEG Sleep Spindles Identification Using Empirical Mode 
Decomposition and Morphological Operations 

Yuliyan Velchev1, Deyan Milev2 and Kalin Dimitrov3 

Abstract – In this paper we present an approach for sleep 
spindles identification in human EEG. This approach is planned 
to be involved in a new automatic system for assessment of sleep 
staging. The sleep spindles are extracted from the EEG 
background using EMD and their envelope is found with 
morphological filtering. The main decision stage is based on 
adaptive thresholding. The proposed approach is validated and 
evaluated with real EEG signals. 

 
Keywords – EEG, Sleep spindle, Empirical Mode 

Decomposition, Sleep staging. 
 

I. INTRODUCTION 

The sleep spindles are specific transient activities in the 
human electroencephalogram (EEG) which occur mainly in 
sleep stage 2 in Non-Rapid Eye Movement (NREM) sleep [1]. 
Their presence in the signal is one of very few features used 
for recognition of sleep stage 2 [2]. The sleep spindles occupy 
the frequency region from 12 to 15Hz. In most cases they 
appear in consequence with k-complexes as a single burst 
(Fig. 1) or as a burst train. Their positive and negative 
envelopes are relatively symmetrical, but there is a large 
variety of possible morphologies. Nevertheless, most of the 
researchers consider waxing and waning trends in the 
oscillations [1]. 

 

Fig. 1. A typical sleep spindle and a k-complex seen in sleep stage 2 

The most common approach for sleep spindles 
identification is preprocessing with band-pass filter [3]. Some 
authors use the wavelet decomposition-reconstruction as a key 
stage for uncovering the sleep spindles from background 
activity [4]. The suggested approach is simple and probably 

fast, but we believe that the frequency band from 8-16Hz is 
too wide for this purpose. 

In this paper we describe a new approach combining the 
Empirical Mode Decomposition (EMD) for sleep spindles 
uncovering and morphological filtering for envelope 
detection. The potential of this approach is the possibility for 
precise detection of onsets and offsets of the wanted 
transients. Also the simplified envelope is very convenient for 
extraction of some other kind of features for achieving a better 
recognition rate. 

In section II is described the used methodology. In section 
III is summarized the achieved experimental results. Section 
IV concludes the work and some directions for future 
researches are given. 

II. METHODOLOGY 

A. The Complete Procedure 

A simplified diagram of the complete approach is shown in 
Fig. 2. 
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Fig. 2. The complete procedure for sleep spindles identification 

The procedure utilizes EMD for background filtering, 
morphological operations for envelope detection and two 
cascaded decision stages. In the following sections each step 
is described in detail. 

B. Empirical Mode Decomposition 

The EMD is a powerful tool for analysis of non-stationary 
and nonlinear time series [5]. It overcomes the inefficiency of 
the Short-Time Fourier Transform (STFT) or wavelet 
transform in terms of combined time-frequency resolution and 
non-adaptive levels of time/frequency scales respectively. The 
EMD decomposes the signal into superposition of components 
called Intrinsic Mode Functions (IMF) with well defined 
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instantaneous frequency. An IMF has two properties: the 
number of extrema and the number of zero crossing are equal 
or differ by one in the whole data set; at any point the mean of 
envelopes defined by the local minima and maxima is zero. 
The procedure of finding an IMF is iterative. It consists of: 
identifying the extrema of the signal  x t ; generating the 
envelopes with a cubic spline [6]; determination of the local 
mean 1 . The process repeats (1) until the first IMF candidate 

1h  satisfies the mentioned above properties.  

   1 1x t h  . (1) 

 After k  iterations the first component 1 1kc h  represents 
the finest oscillations in the signal. The complete set of the 
residues nr  are calculated according to: 

 1 2 2 1,...,n n nr c r r c r    , (2) 

where  1 1r x t c  . Finally the signal is decomposed as 
follows: 

  
1

n

i n
i

x t c r


  . (3) 

In this paper we use 1h  as a component containing mostly 
the wanted sleep spindles. 

C. Morphological Operations 

The basic idea behind the mathematical morphology is an 
interaction of the signal with another simple pre-defined shape 
called structuring element. For extracting the sleep spindles 
we use the following morphological operations [7]: 

     1 1, ,OpenClose h Open Close h g g , (4) 

where g is a flat structuring element of type disk with radius 
of 7. The type and the parameters of g  are chosen 
experimentally considering signals sampled at 128Hz rate. 

D. Decision Stages 

In the first decision stage we perform an amplitude 
thresholding for finding the sleep spindles candidates. For 
each signal subset with 20s duration a proper threshold is 
selected using the triangle method over the histogram. 
Although not optimal, the method performs well in this 
application. The second decision stage discards or merges the 
input candidates according to time parameters of a single 
sleep spindle or sleep spindles train [1]. 

III. EXPERIMENTAL RESULTS AND DISCUSSION 

The proposed approach has been tested and evaluated with 
the “The Sleep-EDF Database” provided by PhysioNet [8], 

[9]. In Fig. 3 is shown an example of successfully identified 
sleep spindles. In the same figure the result of the proposed 
approach is compared with band-pass filtered EEG with zero-
phase filter. Also the Hilbert envelope is given and its 
detected extrema. It can be seen that the EMD assures better 
sleep spindles discrimination from the background level. 

 

Fig. 3. A sample of EEG containing two successfully identified sleep 
spindles and its boundaries (first graph) according to proposed 

approach (second graph). A comparison with high pass filtering and 
Hilbert envelope is also given (third graph) 

From the database we selected EEG signals from four 
subjects. After that we extracted the subsets marked as sleep 
stage 2. The sleep spindles onsets and offsets were manually 
annotated by an expert. For evaluation of the approach we use 
the standard criteria for binary classification performance: 
sensitivity Se  and specificity Sp . Also we investigated the 
relative errors of the detected onsets and offsets of the sleep 
spindles according to: 

 , ,
, , ,

, ,
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100%,on i on i

on i on i off i
on i off i

s s
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, (6) 

where ,on is  is the expert annotated onset, ,off is  is the expert 
annotated offset, ,ˆon is  is the detected onset, ,ˆoff is  is the 
detected offset by the algorithm and i  is the number of the 
detected sleep spindle. We achieved Se  of 84.7% and Sp  of 
79.3 %. The mean value of the relative onset errors  on e  is 

7.8 % with standard deviation  on e = 10.2%. The mean 

value of the relative offset errors  off e  is 9.4 % with 

standard deviation  off e =14.4%. 
We performed a limited test of the proposed approach with 

EEG signals with dominant alpha waves. The experiments 
showed the necessity of some future improvements in order to 
use the type of the background activity as additional input of 
the algorithm. 
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IV. CONCLUSION 

In this paper we presented an approach for sleep spindles 
identification in EEG. Its purpose is to be a key part into a 
multimodal system for automated sleep staging. The approach 
performs well in binary classification test and gives 
satisfactory results in terms of achieved errors of the sleep 
spindles boundaries detection. The future work will be 
concentrated on development of better classification stage 
with probabilistic output in order to exploit the statistical 
dependency between occurrence of sleep spindles and k-
complexes in sleep stage 2. 
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A Wavelet Based Approach for K-complexes 
Identification for Automated EEG Sleep Staging 

Deyan Milev1, Yuliyan Velchev2 and Kalin Dimitrov3 

Abstract – In this paper we present an approach for k-
complexes identification in human EEG. This algorithm is 
intended to be a key part in a new automatic system for 
assessment of sleep staging. The features extraction is based on 
discrete wavelet decomposition and reconstruction, amplitude 
and time parameters and histogram analysis as well. The 
classifier is properly trained ANN. The experimental results 
show satisfactory results considering the single channel 
processing. 

 
Keywords – EEG, K-complex, Sleep staging. 

 

I. INTRODUCTION 

According to [1] the sleep process can be divided into 
several relatively distinctive stages grouped into two main 
types: Rapid Eye Movement (REM) and Non-Rapid Eye 
Movement (NREM). NREM sleep itself consists of three or 
four stages, during which the muscles are not paralyzed and 
the dreaming occurs rarely. Determination of duration of such 
stages and their consequence in time is crucial for sleep 
quality assessment. The sleep stages more or less impact some 
characteristics of the well known physiological signals such as 
encephalogram (EEG), electromyogram (EMG), 
electrooculogram (EOG), electrocardiogram (ECG), etc. [2]. 
Taking into account the publications covering this area the 
EEG and EOG are considered as the most significant 
physiological signals for automatic sleep staging. 

The normal human EEG consists of background and 
transient activity (k-complexes, sleep spindles, vertex sharp 
waves, etc.). These activities both depend on sleep process, 
but this paper is concentrated on development of algorithms 
for identification of k-complexes. The presence of k-
complexes and sleep spindles in EEG is the most reliable 
feature to distinguish stage 2 in NREM sleep [3]. 

A complete system for automated sleep staging should rely 
on the following EEG features: spectral characteristics of the 
signal over time; spatial origin of signal components; presence 
of certain kinds of transient activity. Some results of the 
researches in EEG analysis for sleep staging can be found in 
[4], [5]. Despite of these successful works, the necessity of 
development of new effective and fast algorithms for EEG 

transient activity recognition and classification is undoubted. 
The remainder of the paper is organized as follows: in 

section II we describe the used methodology for k-complexes 
identification; in section III some experimental results and a 
brief discussion on them are given; section IV concludes the 
work and some aspects for future investigations and possible 
improvements of the approach are mentioned. 

II. METHODOLOGY 

A. The Complete Procedure 

A simplified diagram of the complete approach is shown in 
Fig. 1. 
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Fig. 1. The complete procedure for k-complexes identification 

We realized the classification stage in two ways: a simple 
thresholding over the set of features or using an Artificial 
Neural Network (ANN).  

B. EEG Signal Pre-processing 

The first procedure of the EEG pre-processing is to remove 
the baseline wander. We implemented it as wavelet 
decomposition and reconstruction from all levels excepting 
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approximation coefficients, thus reducing all frequency 
contents below 0.5Hz. The second procedure is to exploit the 
well known Independent Component Analysis (ICA) in order 
to select an independent component which is free of 
interference with EOG origin. 

C. Features Extraction 

We use the discrete wavelet decomposition and 
reconstruction from A5 level in order to suppress the 
unwanted frequency components in the processed EEG signal. 
We consider that the k-complexes occupy the frequency 
region from 0.5Hz to 4Hz. The decomposition-reconstruction 
procedure can be seen in Fig 2. The input signal is re-sampled 
at 128Hz sample rate. The used wavelet function is 
Daubechies 4. 

 

 

Fig. 2. The wavelet decomposition-reconstruction procedure for k-
complexes identification 

The typical k-complex is described as a relatively large 
usually biphasic wave with duration of more than 0.5s (Fig. 
3). It has a relatively steep negative deflection followed 
immediately by a slower decaying positive component. In our 
segmentation stage we use the zero crossing criteria of  'x n  
for onset and offset detection of the k-complex candidate and 
the border between its negative and positive component as 
well. 

 

 

Fig. 3. A typical k-complex waveform and used features for its 
identification 

The used features can be seen also in Fig. 3. They are 
closely based on characteristics of the k-complexes suggested 
in [1]. The amplitude features are related to the background 
activity preceding the potential k-complex. The background 
activity b  is expressed as: 

  max , 1,...,ii
b w h i N  , (1) 

where ih  is an element of the vector  1 2, ,..., Nh h hh  

representing the histogram of the local maxima of the  'x n  
and w  is the histogram bin width. The histogram analysis is 
performed on the subset from  'x n  taken 10s before every k-
complex candidate. 

When using an ANN as classifier for k-complexes 
identification the input feature vector for training and testing 
is composed as follows: 

  max min, , , , T
k kT T k k b f . (2) 

As an alternative a much simple approach for k-complexes 
identification is to apply some thresholds over the set of used 
features. For rejection a signal subset candidate as k-complex 
one of the following criteria must be satisfied: 

 0.5k kT T s    (3) 

or 

 k kT T   (4) 

or  

 max min2k k  (5) 

or 

 min max2k k  (6) 

or 

 max min 2k k b  . (7) 

D. Classification 

The used classifier is a neural network of type Multilayer 
Perceptron (MLP) with sigmoidal activation function and two 
hidden layers [6]. The number of layers is chosen 
experimentally by finding the minimum number of hidden 
layers at which the achieved Mean Squared Error (MSE) in 
the training process remains relatively unchanged.  

III. EXPERIMENTAL RESULTS AND DISCUSSION 

The suggested approaches were tested and evaluated with 
the “The Sleep-EDF Database” provided by PhysioNet [8], 
[9]. In Fig. 4 can be seen an example of successfully identified 
k-complex in the file st7052j0.rec taken from the mentioned 
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database.

 

Fig. 4. A sample of EEG containing one successfully identified k-
complex and its boundaries. Original EEG (above) and restored EEG 

from level A5 (below) 

According to the attached hypnograms we selected train 
and test subsets taken only from stage 2 in NREM sleep. In 
the used databases there are no available annotations for 
presence of k-complexes and its onsets and offsets, so the 
selected signals were manually annotated by an expert. For 
evaluation of the approach we use the sensitivity Se  and 
specificity Sp  as criteria for binary classification quality. The 
achieved Se  and Sp  for k-complexes identification are 
summarized in Table I. 

TABLE I 
SENSITIVITY AND SPECIFICITY OF K-COMPLEXES IDENTIFICATION 

Classification method Se  , % Sp , % 
Thresholding 82.4 76.6 
ANN-MLP 84.7 79.1 

 
Additionally we performed a limited test of the proposed 

approach with EEG signals representing different sleep stages. 
Carrying out the experimental investigations the following 
imperfections have been observed: there is a significant prone 
for misclassification between k-complexes and some artefacts 
in EEG; the k-complexes are extremely hard to be 
distinguished from dominant delta waves in EEG. 

For future improvement of the approach for k-complexes 
identification it is desirable to add some other features. These 
features have to describe more accurately the morphology of 
the different kinds of k-complexes. The k-complexes should 
be identified in the context of surrounding background wave 
patterns of EEG. 

IV. CONCLUSION 

In this paper we presented an approach for identification of 
k-complexes in EEG. The experimental results prove the 
correct work of the algorithm and give the possibility to 
implement it as a part in new sophisticated systems for 
automatic sleep staging. Apparently there is an evidence of 
significant correlation between the occurrence of k-complexes 
and sleep spindles in sleep stage 2. This dependency has to be 

exploited in our future work for increasing the robustness of 
the detection. 
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Inharmonicity of Two-Tones In Contra Octave of Upright 
Piano 

Zoran Milivojević1, Milena Rajković2 and Dragan Milosavljević3 

Abstract – The paper describes inharmonicity of musical in-
struments with strings. In the first part an algorithm for deter-
mination of coefficient of inharmonicity is shown, as well as algo-
rithm for inharmonicity estimation and estimation of mean ali-
quote error of two-tone. In the second part paper shows results 
of algorithm’s application in signal processing of tones in contra 
octave of upright piano “August Förster” manufactured in the 
year 1970.  The results are given in graphics and in tables. An 
estimation of inharmonicity and medium aliquote error is given 
by comparative analysis made with Steinway pianos and Nord-
iska 1 and Straud upright pianos.  
 

Keywords – Fundamental frequency, harmonic, inharmonic, 
piano. 

I. INTRODUCTION 

Music theory defines basic characteristics of sound: a) last-
ing, b) intensity and c) color. The term color applies to sound 
in transcendental meaning which shows complexity of this 
sound feature. Sound source produces a sound with basic fre-
quency (basic tone) and following tones (aliquotes of basic 
tone). Different number of present aliquotes (lat. aliquoties, 
few times) and their different relative volume within the frame 
of whole sound determine a sound color [1]. Aliquotes are 
also called partial tones or partials. Related to the frequency of 
basic tone f0 (fundamental frequency) aliquotes can have fre-
quencies which are: a) integers (harmonics) and b) fractional 
multiplication of fundamental frequency (inharmonics) [2]. 

Instruments with strings produce tones by means of string 
vibration. If we talk about ideal string fixed at both ends, ali-
quotes are harmonious. Ideal string is to be understood as 
string with infinite large elasticity. However, in reality, there 
is not ideal string, but finite elasticity i.e. stiffness. Piano 
strings are tensed by strong force so their elasticity is reduced. 
As a consequence, frequency positions of aliquotes are at po-
sitions of non-integer multiplications of fundamental frequen-
cy. Logically, an instrument with such strings is not harmo-
nious. Besides string’s stiffness, inharmonicity of instrument 
is influenced by character of acoustic impedance of piano’s 
resonator’s board i.e. guitar’s resonator’s body [3].  Discre-
pancy from harmonicity, as a consequence gives less aliquote 
instruments. The tone produced on inharmonious instrument 
is not necessarily unpleasant. There is a statement in [3] that 
slightly inharmonious tone sounds in a way warmly. 

Piano inharmonicity phenomena are described in many pa-

pers. Probably the oldest could be [4] and [5]. Paper [6] sug-
gests formula which defines relation among frequency of ali-
quote fk and inharmonicity coefficient β of vibrating string. 
Once we determine inharmonicity coefficient of strings that 
generate tone, we have determined inharmonicity coefficient 
of whole instrument. In [7] we see that piano and upright pi-
ano inharmonicity of bass range is in scope of 50x10-6 till 
600x10-6. In [8] measurements are performed and inharmonic-
ity factor has been determined for bass-range strings: sub-
contra octave (A0), contra-octave (E1 and A1) and great oc-
tave (E2 and A2) on Steinway D (grand piano), Steinway C 
(baby grand piano), Nordiska 1 (upright piano) and Straud 
(upright piano). This system of tones designation, known as 
Anglo-American way of designation, is chosen in this paper in 
order to facilitate comparing of results with those published in 
prominent scientific journals. According to notation from [11] 
analyzed tones would be designated as follows: sub-contra 
octave (A0 as 2A), contra-octave (E1 as 1E , A1 as 1A) and 
great octave (E2 as E , A2 as A). 

In this paper we analyzed inharmonicity of contra octave 
tones generated at upright piano “August Förster”, serial no. 
198145, manufactured in Czechoslovakia in 1970. Coeffi-
cients of inharmonicity for all semitones from contra octave 
are determined and their mean value, which represents inhar-
monicity of the instrument, is calculated. Besides, mean ali-
quote frequency error (MAFE) and mean aliquote cent error 
(MACE) which appears as a consequence for all two-tones 
generated by tone C1 and other tones in this octave is also 
calculated. 

The paper is organized as follows: Section II describes in-
harmonicity of instruments with strings. Section III shows an 
algorithm for inharmonicity coefficient estimation. Section IV 
shows algorithm of estimation of two-tone aliquote error. Ex-
perimental results and analysis are presented in section V. 
Conclusion is given in section VI. The last section lists litera-
ture used. 

II. INHARMONICITY COEFFICIENT OF MUSICAL 
INSTRUMENTS WITH STRINGS 

When defining frequency composition of the tone, theory of 
music implies harmonicity, i.e. considers that harmonics (ali-
quotes) are integers of fundamental frequency, which is ma-
thematically expressed as: 

 1,2,...k   ,0 =⋅= fkfk   (1) 

where f0 is fundamental frequency, k ordinal number of ali-
quote,  fk  aliquote’s frequency. 
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3 Dragan Milosavljević is with SBM Niš, information technolo-
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Frequency displacement of aliquote from harmonics fre-
quency position represents tone’s inharmonicity. Inharmonici-
ty is defined by means of inharmonicity coefficient β: 

 1,2,...k   ,1 2
0 =⋅+⋅= kfkfk β   (2) 

Fig. 1 shows spectrum of tone played on upright piano. 
Vertical red lines represent frequency position of tone A0 
harmonics (f0=27.5 Hz). These are aliquote tones A0, A1, E2, 
A2, C3#, E3, G3, A3, B3, C4#, D4,... Small circles show val-
ue of amplitudal characteristic at harmonic’s position, while 
small squares represent inharmonic’s position. It is obvious 
that increased ordinal number of aliquote consequently in-
creases frequency difference of harmonics and inharmonics. 

Inharmonicity coefficient β depends of string material and 
can be calculated as: 

 
Fl
dQ
⋅⋅
⋅⋅

= 2

43

64
πβ ,  (3) 

where Q represents Young’s elastic modulus of material 
which string is made from, d strings diameter, l string’s length 
and F tension force. 
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Fig. 1. Amplitudal characteristic of tone A0 signal. 

III. ALGORITHM FOR INHARMONICITY COEFFICIENT 
ESTIMATION 

Literature suggests few algorithms for determination of in-
harmonicity coefficient β. In [9] an iterative algorithm is de-
scribed where accuracy of determination is increasing by in-
troducing more aliquotes, as well as by windows positioning 
based on previous values. Calculation represents determina-
tion of third row polynomial function coefficients which 
aprocsimates value of curved error. Based on polynomial’s 
coefficients an inharmonicity coefficient is calculated. In [8] 
an algorithm based on introduction of interpolation function is 
shown. In [10] an algorithm for calculating β, knowing fre-
quencies of two aliquotes without use of fundamental fre-
quency, is proposed. Algorithm for determination of inharmo-
nicity coefficient [10] is applied on signal x(n) and is realized 
in following steps: 

Step 1: extraction of duration block T, i.e. N samples, 

Step 2: Calculation of spectrum by applying DFT length 
NFFT: 

 ( ) ( )( )NFFTnxDFTiX ,= .  (1) 

Spectrum is calculated in discrete points i=0,...,NFFT-1. 
Step 3: Fundamental frequency f0 calculation by spectrum 

analysis and peaking of maximums, 
Step 4: Aliquote fk calculation, where k=1:Np, and Np is a 

number of aliquotes analyzed. 
Step 5: Frequency difference calculation between harmonic 

and inharmonic of  k-th aliquote: 

 ( ) 0fkfke k ⋅−= .  (2) 

Step 6: Inharmonicity coefficient calculation: 
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where m and k are aliquotes and fm i fk corresponding ali-
quote’s frequencies. 

IV. ALGORITHM OF ESTIMATION OF TWO-TONE 
ALIQUOTE DISTORTION 

Two-tones represent simultaneous sounding of two tones. 
Theory of aliquotes [11] sais that spectral content of one tone 
consists of harmonics which are, in the same time, harmonics 
of other tones. Simultaneous sounding of more tones means 
spectral overlapping of corresponding aliquotes. But, due to 
existence of some tones inharmonicity, aliquotes get untuned. 
Discrepancy of one tone’s aliquotes related to other tone’s 
corresponding aliquotes, inevitably leads to distortion of re-
produced two-tone. In this paper we propose the measure of 
two-tone aliquote distortion. Suggested algorithm for calcula-
tion of aliquote two-sound distortion consists of following 
steps: 

Input: aliquotes of two tones f1,k and f2,k where  k=1:Np, and 
Np is the number of aliquotes analyzed.  

Output: mean aliquote frequency error (MAFE), mean ali-
quote cent error (MACE), instrument’s inharmonicity Pβ . 

Step 1: detection of tones which form two-tone, 

 _2  _1; 1,21,1 tonftonf ⇒⇒ .  (4) 

Step 2: Calculation of mutual aliquotes: 
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where G is number of pairs (k,l) which fulfill condition of 
equality of aliquotes. 

Step 3: Mean aliquote frequency error: 
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Mean aliquote cent error: 

 ( ) ( )∑
=

−=
G

g
glk ffftocentffftocent

G
MACE

1
1,1,21,1,1 ,,1   (7) 

where  ftocent is transformation function of frequency axis 
into cent axis with normalization to f1,1 frequency. 

Step 4: Inharmonicity calculation of all two-tones in contra 
octave: 
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where ND is a number of two-tones analyzed. 
Step 5: Calculation of instrument’s inharmonicity in contra 

octave as a mean value of some tone’s inharmonicity coeffi-
cients: 

 ∑
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P N

_
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1 ββ ,  (10) 

where S is a continuum of tones analyzed, NS number of con-
tinuum S elements, and βS inharmonicity factor of correspond-
ing tone. 

V. EXPERIMENTAL RESULTS AND ANALYSIS 

For the purpose of calculating instrument’s inharmonicity 
coefficient in contra octave, a database of musical signals is 
established. Signals are treated by algorithms described in 
sections III and IV. Algorithm’s parameters are T=0.66s, 
NFFT=10*218, m=6, k=10, NP=20, NS=13. Obtained results 
are presented in graphics and tables. 

A. Base 
Base contains musical material pertaining to tones from 

contra octave S={C1, Cis1, D1, Dis1, E1, F1, Fis1, G1, Gis1, 
A1, Ais1, B1, C2}. Tones are played at upright piano “August 
Förster” from the year 1970. Recording has been done  with 
sampling frequency  fs=44.1 kHz, and 16 bit per sample. 

B. Results 
Referent ton’s C1 time shape of signal is shown at fig. 2., 

Frequency difference of harmonic and inharmonic compo-
nents is shown at fig. 3. Amplitudal characteristic is shown at 
fig. 4. Fig. 5 shows frequency positions of harmonics and in-
harmonics aliquotes for playing mayor third C1-E1, while 
positions of inharmonic aliquotes are presented at fig. 6.a (ali-
quote E3), fig. 6.b (aliquote E), fig. 6.c (aliquote E5). Position 
details of aliquote C5 with mayor third C1-C2 is shown at fig. 
6.d. Values of semitones inharmonicity coefficients from con-

tra octave are displayed in table I. Frequency and cent values 
of differences of harmonious and inharmonious aliquotas are 
given in table II. 

 

Fig. 2. Time shape of tone C1 
referent signal. 

 

Fig. 3. Frequency difference of 
harmonious and inharmonious 

components (tone C1). 

 
Fig. 4. Amplitudal characteristic of tone C1 signal. 

 

Fig. 5. Frequential position of aliquote components (harmonics and 
inharmonious) when playing mayor third (C1,E1). 

 
a) 

 
b) 
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c) 

 
d) 

Fig. 6. Inharmonious aliquotes position details with mayor-third C1-
E1: a) E3, b) E4, c) E5 and d) aliquote C5 with mayor-third C1-C2. 

TABLE I 
INHARMONICITY OF SEMITONES IN CONTRA OCTAVE 

Ton βS  (x10-4) Ton βS  (x10-4) 
C1 4.4956 G1 5.3208 
Cis1 2.6631 Gis1 2.8147 
D1 4.8457 A1 3.2452 
Dis1 4.7512 Ais1 3.122 
E1 5.088 B1 2.113 
F1 4.3875 C2 2.6589 
Fis1 3.399 

Pβ  3.7619 

TABLE II 
FREQUENTIONAL AND CENT DIFFERENCE OF TWO-TONE  

HARMONIOUS AND INHARMONIOUS ALIQUOTAS IN CONTRA OCTAVE  

Ton MAFE [Hz] MACE [cent] 
C1-D1 5.0889 19.2460 
C1-E1 4.3319 13.9235 
C1-F1 4.4637 17.5148 
C1-G1 3.0113 14.7403 
C1-A1 19.8257 94.6447 
C1-B1 11.5236 39.9854 
C1-C2 5.1298 22.7950 
 =MAFE 7.6250 =MACE 31.8357 

C. Results analysis 

By comparing mean values of inharmonicity coefficients 
for semitones from contra octave (table I) with inharmonicity 
coefficients of piano Steinway D and Steinway C, as well as 
with upright piano Nordiska 1 and Straud (data from 8), we 
come to the following conclusion:  

a) Piano Steinway D has the least inharmonicity (βsr=87 
x10-6), 

b) baby grand piano Steinway C has less inharmonicity 
(βsr=105.3 x10-6) than upright piano Nordiska 1 (βsr=201.6 
x10-6) and Straud (βsr=296.22 x10-6), 

c) tested “August Förster” upright piano has the largest in-
harmonicity in contra octave Pβ =376.19x10-6 (4.32 times 
larger than Steinway piano).  

Analyze of frequential and cent values of two-tone’s har-
monious and inharmonious aliquotes leads to conclusion that 
discrepancies in “August Förster’s” contra octave have signif-
icant values in the range over tenth aliquote, where discrepan-
cies are even larger than one semitone. We should have in 

mind that these are frequencies in scope from 300 to 1200 Hz 
where human ear shows god sensitivity.  

Our further activities will include comparative analysis of 
some other pianos and upright pianos inharmonicities, as well 
as understanding and analysis of personal impressions and 
experience of listeners. 

VI. CONCLUSION 

An upright piano’s inharmonious string’s vibration effect, 
determined with inharmonicity coefficient, is analyzed in the 
paper. An algorithm for estimation of inharmonicity coeffi-
cient of strings, and whole instrument is described. In addi-
tion, an algorithm for calculating two-tone’s aliquote error is 
proposed. That algorithm is applied to determine inharmonici-
ty in contra octave of August Förster upright piano from 1970. 
Comparative analysis and presented results for piano Stein-
way and upright pianos Nordiska 1 and Straud proof  piano’s 
superiority comparing to upright piano’s group. Upright piano 
August Förster showed greatest inharmonicity in contra oc-
tave which is 4.32 times larger related to grand piano. Two-
tone aliquote error analysis showed that in range over tenth 
aliquote, discrepancies could be larger than a semitone. 
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Tempo Map Retrieval from the MIDI Clock Stream
Lutshayzar Gueorguieff1 and Peter Antonov2

Abstract—This paper contains algorithm flowchart, short
description, and detailed test results and error statistics of a
method for MIDI tempo map retrieval on MIDI-recording with
external MIDI-clock synchronization. The test results prove that
it is possible to overcome an annoying deficiency of the MIDI
standard – the lack of a Universal real-time message system
exclusive message providing information for the current tempo.

Keywords—MIDI, clock, tempo, synchronization, recording

I. INTRODUCTION

There are three basic ways to convert a MIDI sequencer file
from a proprietary format to a Standard MIDI File (SMF) –
direct conversion to a SMF, a MIDI File Dump [1], and
“synchronized overplay” [2]. Direct conversion (e.g. via the
Roland MRM-500 OS or the converters by Gary Giebler)
seems to be the most straightforward. But each disk and file
format requires its own conversion program, and format
descriptions are available for insiders only – others must rely
on reverse engineering to obtain one. This means that there is
no guarantee that all data are identified and processed
correctly. The MIDI File Dump standard is not applicable for
sequencers either, as units that do not support the SMF format
do not support it either. So, synchronized overplay remains the
only option. It is universal, as it does not depend on the
sequencer brand and model. But unlike MIDI data, retrieval of
Meta data (including tempo data) is impossible this way.
Neither there is a Universal real-time system exclusive
message that would provide information about the current
tempo. This is a great problem for sequences with complex
tempo maps that are completely lost on synchronized
overplay. But the tempo map could still be retrieved on
synchronized overplay. This paper describes how it can be
done and what results can be expected, based on real world
tests.

Actually, the method was already announced in a paper [3]
by one of the authors, but only in Bulgarian, with some
inaccuracies, a C-specific description, and few test results.
This paper addresses these shortcomings with an algorithm
flowchart and much more detailed test results, including
detailed statistics.

II. PRINCIPLE OF OPERATION

Two programmable timers are required, both clocked by the
system clock, divided with a fixed ratio. Timer #1 measures

the MIDI clock byte period. Timer #2 can be regarded as the
programmable divider of a virtual “frequency synthesizer”. Its
division ratio is proportional to the MIDI clock period (a fine
frequency adjustment). Its output is compared with the MIDI
clock stream by a virtual “phase detector” (implemented in
software), which does a rough phase adjustment.

III. ALGORITHM

Fig. 1 presents the flowchart of the algorithm. Blocks 1–4
contain an excerpt from the second level received data
interrupt handler. It gets executed only if the received byte is a
MIDI clock byte. The oldTick counter registers the number of
timer interrupts already processed on receiving the byte.
MAX_TICK is the number of interrupts per crotchet (120), and
CLKS_PER_QUARTER is the number of MIDI clock bytes
per crotchet (always 24). So, 5 timer interrupts occur between
each two MIDI clock bytes, and oldTick gets incremented by 5
too.

In block 5, the TickAdjust global variable registers the sign
of the rough (phase) adjustment, which is done in blocks 5–9
on every timer interrupt, if TickAdjust is nonzero. The
adjustment is disabled at the end of the system exclusive
messages (block 2). The fine (frequency) adjustment is done
in block 4. The total variable holds the number of timer clocks
between each [sub]beat (time signature denominator),
obtained through the measureClock() function. This function
(not given here) uses timer #1 to measure the MIDI clock
period and initializes timer #2 with a value five times less than
the measured one. Thus, there are always 5 interrupts of timer
#2 between two consecutive MIDI clocks.

Later, total is used to initialize the Tempo global variable.
Blocks 5–9 present the main part of the newTick() function

for updating the timer interrupt counter TimerTick. This
function is called on each interrupt of timer #2. It does the
rough (phase) counter adjustment too. This is done with only
one step forwards or backwards in order to avoid sharp
changes, which would lead to generation of superfluous
Tempo Meta events.

Blocks 10–12 show an excerpt from the record() function.
If the tempo difference for each [sub]beat (denominator d of
the time signature) is greater than the dTempoMax threshold
(2%, the smallest instant tempo change the human ear
perceives [4]), a Tempo event is generated. Its value (in µs per
crotchet) is

t = 
d ⋅ 1000000

4 ⋅ fТ
 ⋅



oldTempo + 

dtempo
 tempos        (1)

where fT is the timer clock frequency, oldTempo is the
previous Tempo value, dtempo is the accumulated error, and
tempos is the Tempo event counter. The event is generated at
the time of the last detected tempo change tempoTickDelta.
After that, this time value, the tempo and the threshold are up-
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Fig. 1. Flowchart of the tempo map retrieval algorithm. Computational complexity: O(1), as there are no loops (also in the external functions).

dated, and the error and the tempo counter – initialized. Else
(if the aforementioned tempo difference is less), the error just
gets accumulated and the counter – updated. The last Tempo
event is generated at the end of the recording (not shown
here). So, only one Tempo event is thus generated for pieces
having a constant tempo.

IV. EXPERIMENTAL RESULTS

The next figures show the results and statistics from the
tempo map retrieval using the algorithm described above when
doing synchronized overplay for several MIDI sequences.

1) «Arabesque»:
This is a classical piece for piano with tempo rubato,

changing on each crotchet. Fig. 2 shows its original tempo
map and the retrieval errors for this piece, aligned by
crotchets. The errors result mostly from the imperfect
playback timing, as the playback program in this and all other
cases but one runs in Windows, where playback latency is
considerable and variable.

2) «Clair de lune»:
This is very slow classical piece for piano, also with tempo

rubato, changing on each crotchet. Fig. 3 shows its original
tempo map and the retrieval errors for this piece, aligned by
crotchets. The errors are more than an order of magnitude
smaller because the sequence is played under “pure” MS-
DOS.

Fig. 4 presents the error distribution for the first two pieces.
It can be seen that the sharp tempo changes in both lead to
very precise tempo retrieval as the 2% threshold is always
exceeded.

3) “Baklava”:
This is a fully orchestrated Russian folk song with a

dynamic tempo. Unlike the first 2 pieces, the tempo changes
here are so gradual that the 2% threshold is not always

exceeded. This leads to fewer retrieved tempo events, and
temporary errors (see measures 49–61 and especially 72 on
fig. 5, top).

4) “Czardas”:
This is an excerpt from the operetta “Die Csárdásfürstin”

with a very dynamic tempo. The recovered tempo events are
almost as many as the original ones, yet there are 2 false
tempo events on measures 65 and 121 due to the
aforementioned variable latency when playing MIDI in
Windows (fig. 5 bottom, 6).

III. CONCLUSION

The tests confirm the accuracy and robustness of the tempo
map retrieval algorithm, especially for sharp tempo changes.
The induced error is way under the aural perception threshold.
So, all the temporal information with musical meaning can
thus be recovered on synchronized overplay, combining the
advantages of MIDI Time Code and MIDI clock
synchronization.
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Fig. 2. Original tempo map (top) and retrieval errors [%] (bottom) for «Arabesque». Average error: 0.019%, standard deviation: 0.132%.

Fig. 3. Original tempo map (top) and retrieval errors [%] (bottom) for «Clair de lune». Average error: 0.005%, standard deviation: 0.011%.

Fig. 4. Error distribution [frequency of occurring] for «Arabesque» (left) and «Clair de lune» (right).
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Fig. 5. Differences (in bright red) between the original and the recovered tempo map for “Baklava” (top) and “Czardas” (bottom).

Fig. 6. Errors (top) and their distribution (bottom) for “Czardas”. Average error: 0.009%, standard deviation: 0.234%. Major errors coincide
with fig. 5, bottom. (Note that the abscissa of the errors is ticked off in tempo events, unlike the one of the tempo map, ticked off in measures.)
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Abstract – Estimation of sound insulation in buildings 

according to EN 12354 norms is or will soon be mandatory in 

European countries. In addition, each country accompanies to it 

its local requirements: minimum allowed descriptor values, 

safety margins, project report form etc. Specialized software is 

needed for the proposed calculations and local requirements 

open the possibility for it to be “nationally customized”. This 

paper describes such software designed for Slovenia. 
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I. INTRODUCTION 

Design of sound insulation in buildings is a task drawing 

much of attention recently. European COST Action TU0901: 

―Integrating and Harmonizing Sound Insulation Aspects in 

Sustainable Urban Housing Constructions‖ in progress is 

dedicated to this subject [1]. The main reason for this is the 

fact that the quality of sound insulation determines acoustic 

comfort of residents in buildings [2].  

The models of sound propagation in buildings and 

algorithms for the prediction of airborne and structure born 

sound insulation are popular topics in acoustic literature. 

However, it is only the calculation of sound reduction inside 

monolithic heavyweight elements which is relatively precisely 

and unambiguously described. On the other hand, there are 

still no generally accepted algorithms for sound reduction 

inside elements with more complex internal structure, such as 

drywall constructions with plasterboards. Hence, results of 

standard laboratory measurements of such element insulation 

performances are basic data used in the design phase. 

In the last few decades a new approach to the calculation of 

sound insulation in buildings has been introduced, which 

produced far-reaching consequences to the national 

standardizations and design practice. In 2000, set of European 

norms under the label EN 12354 is published. It consists of 

several parts, the first three of which [3]-[5] are important for 

sound insulation in buildings. These three parts define 

procedures for calculation of airborne and structure born 

sound insulation between rooms and airborne sound insulation 

(of façade walls) against outdoor sound, respectively. 

The new standards were soon being adopted by national 

standardizations as well. While EU countries adopted them 

almost immediately after their introduction, the acceptance in 

the rest of European countries was slower. In Serbia these 

three standards were approved in 2008. Even more important 

is the fact that their application is often mandatory when 

designing new buildings. For example, this became part of 

Slovenian legislative on 1 January 2013. It is reasonable to 

expect that the rest of the countries in the region will also 

accept this obligation in recent future. 

Before the norms were published, the analyses of sound 

insulation between two adjacent rooms included only 

modelling the sound insulation properties of the separating 

element. The contribution of other (flanking) paths of sound 

transmission was taken into account approximately, through 

the correction of calculated single-number sound insulation 

value in decibels. The calculations were based on the results 

of field measurements and adjusted to match them. 

The change of approach presented in the new norms is of 

great importance, since it requires that sound insulation 

between adjacent rooms is assessed through the influence of 

complex system of sound transmission paths between the 

rooms, including all their relevant physical properties. This 

makes the calculation of sound insulation rather complex, 

especially if it should be repeated in 1/3 octave frequency 

bands. It also made the algorithms described in EN 12354 too 

difficult to handle without the aid of some specialized 

software. For that reason, several such specialized software 

packages appeared on the market in the last decade [6], [7].  

Local requirements in some of the countries in the region 

brought a necessity for nationally customized software for the 

calculation of sound insulation, according to the procedures 

given in EN 12354. Such software is realized in Laboratory of 

acoustics at the School of Electrical Engineering in Belgrade, 

to comply with legal requirements in Slovenia. The most 

important issues which appeared during the software 

development, as a result of its adaptation to the local 

requirements, its specificities and adopted solutions are 

described in this paper. 

II. REALIZATION OF SOFTWARE BASED ON 

EN 12354 

The calculation procedures described in EN 12354 take into 

account all relevant sound transmission paths between two 

adjacent rooms. These paths are presented in Fig. 1 for 
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airborne sound insulation. Capital letter D is used for the paths 

starting at the source side of the separating element, while 

small letter d is used for the paths ending with sound radiating 

from the receiving side. F marks the paths starting in the 

flanking elements of the source room and f marks the paths 

ending with sound radiating from the flanking elements in the 

receiving room.  

From Fig. 1 [3] it follows that the model proposed by the 

standards incorporates the contribution of separating element 

between the rooms (direct transmission) as well as all flanking 

elements adjacent to it (flanking transmission). All elements 

which are adjacent to the separating element and have a 

common junction are regarded as flanking elements. Fig. 1 

omits all airborne transmission paths, such as various 

openings, air inlets, flanking ventilation systems etc. These 

are all included in the standards, by quantifying sound power 

transmitted through them. 

 

 
Fig. 1. Sound transmission paths between two rooms according to 

EN 12354-1:2000 [3] 

 

Numerical parameters included in the calculations, which 

quantify physical properties of the transmission paths in 

Fig. 1, can be divided in three categories: 

1) sound reduction index R of all elements involved in the 

transmission measured in laboratory, 

2) structural reverberation time Ts, which quantifies sound 

energy losses in the materials of the elements, 

3) vibration reduction index Kij, representing sound energy 

losses in the junctions between each two elements (marked 

with i and j). 

Heavyweight elements also show significantly different 

acoustic properties in laboratory and real situations in 

buildings. This is due to the sound energy losses at their 

junctions with adjacent elements, which influence the sound 

field in them. To take this into account, sound reduction index 

and structural reverberation time of these elements are 

transformed into real (in situ) values Rsitu and Ts,situ, prior to 

the calculation. Rsitu value of heavyweight monolithic 

elements depends on both laboratory sound reduction index 

and ratio between Ts,situ and laboratory structural reverberation 

time Ts,lab.  

Considering all the parameters needed, it follows that the 

calculation of sound insulation between two adjacent rooms 

generally requires data about R and Ts of nine elements (one 

separating and eight flanking) and Kij of four junctions 

between the separating and flanking elements. Due to this 

complexity, the calculations are very hard to handle without 

the aid of specialized software. 

Realization of software for calculation of sound insulation 

according to EN 12354 requires several practical issues to be 

considered. 

1) As a starting point for the calculations, laboratory sound 

reduction index values of the elements are needed. This means 

that software must include a database of insulation properties 

of common building elements. Collecting these data from 

various attests is major concern and can be carried out only in 

cooperation with building companies, which finance attest of 

their products and own the obtained measurement results. 

2) Value ranges of many physical quantities involved in the 

calculations should be considered (structural reverberation 

time, vibration reduction index).  

3) The values of all physical parameters included in the 

calculations are not always available for all building materials 

and constructions. Therefore, estimations and approximations 

of their values cannot be avoided in such cases. Following 

that, knowledge on the quantitative contribution of each of 

these parameters is necessary in order to minimize the 

resulting error. 

All these issues require additional preliminary work to be 

done before (or at least during) the software development 

phase. Two activities are especially needed: 

- searching the relevant literature, mostly congress papers, 

for at least some data about the values of certain parameters 

and relations between them, and 

- contacting manufacturers of building materials and 

collecting attests of various elements, to be imported in the 

database of the software. 

III. ADAPTATION OF SOFTWARE TO NATIONAL 

LEGISLATION 

Each country presents its own specific requirements 

regarding the sound insulation in buildings. They can be a 

consequence of historical heritage, local conditions and habits, 

legislation system etc. International standards (ISO) and 

European norms (EN) only define sound insulation 

descriptors, measurement procedures and certain general 

interpretations. All other details, significant for sound 

insulation and noise protection in buildings, are to be defined 

by national regulations. 

There are four important ―national‖ domains in noise 

protection regulative which influence national customization 

of software for calculation of sound insulation. 

1. The first domain is the choice of sound insulation 

descriptors to be used for defining legal requirements. It has 

been shown that there is still no consensus in Europe 

regarding the sound insulation descriptors [8]. Standards 

propose several ways to quantify sound insulation with a 

single number. For example, for airborne sound insulation 

quantities R'w, R‘w + C, R‘w + C50-3150, DnT,w, DnT,w + C, 

DnT,w + C100-5000, DnT,w + Ctr, Dn,w can be used. Similar case is 

with impact sound insulation. Different countries use different 

of these parameters to define their noise protection criteria in 

buildings. 
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2. Another domain is a set of locations inside the buildings 

for which minimum requirements for sound insulation are 

defined. Each country’s legislation comprises a document 

which explicitly sets up classification of buildings according 

to the noise protection achieved and a list of locations inside 

them, for which minimum values of sound insulation are 

proposed. Some European countries also propose 

categorization of buildings according to acoustic comfort, 

with several different values of sound insulation descriptors 

defined, depending on the building category. 

3. Calculation of airborne sound insulation against outdoor 

sound is often based on assessed value of sound level outside 

the building and maximum allowed value inside. The 

differences between countries in that directly determine the 

calculation of sound insulation of façades. Estimated values of 

outdoor noise level are often determined by acoustic zones, 

although in many countries acoustical zoning has not been 

carried out yet. Certain differences also exist between 

maximum allowed values of noise level in residential rooms.  

4. Various building constructions are not equally presented 

in all European regions and countries. Wooden constructions 

dominate the market in some countries, while in other, mostly 

due to seismic protection, reinforced concrete is mandatory. 

This brings locally dominating building constructions into 

focus during the collection of data for the software database 

and the assessment of unavailable physical quantities values. 

However, calculations of sound insulation according to 

EN 12354 are not mandatory in all European countries. The 

transition is still going on, at different pace between the 

countries. Most of the countries have incorporated the 

standards in their legislative, but have not made their 

implementation mandatory. 

The differences described here leave the possibility to 

design software for calculation of sound insulation in 

buildings according to local conditions in countries. Although 

the calculation algorithms are based on the norms EN 12354, 

the choice of single-number parameters for expressing the 

calculation results and allowed values of sound insulation and 

noise levels is in accordance with local requirements. If the 

software is also provided with the functionality to generate the 

final project report, in locally prescribed form, it represents 

comprehensive nationally customized calculation tool. 

IV. CUSTOMIZATION OF SOFTWARE FOR SLOVENIA 

One example of nationally customized software for 

calculation of sound insulation in buildings according to 

EN 12354 is developed in Laboratory of Acoustics at the 

School of Electrical Engineering in Belgrade, for Slovenian 

market. It includes specific local Slovenian requirements from 

each of the four domains listed in the previous section. 

All specific details regarding the sound insulation 

requirements in Slovenia are given in the document published 

under the name ―Tehnična smernica TSG-1-005:2012‖ [9]. 

This document proposes the following:  

- mandatory implementation of EN 12354 norms, 

- criteria for minimum acoustic conditions in various 

building types, 

- mandatory field measurements of sound insulation after 

the building has been built, 

- mandatory final project report as the official document 

with compared values of required, calculated and measured 

values of sound insulation. 

Based on that, the software is made, to be distributed to the 

building designers in Slovenia with the following 

functionalities incorporated. 

After inserting general information about the building – 

name and location of the building, acoustic zone, investor, 

project designer etc., the window in Fig. 2 is opened. In this 

window the user can select all building and room types, that 

is, calculation categories according to [9], to be included in 

the project. 

 

 

Fig. 2. Selection of the calculation categories 

 

After initializing the project, each calculation is represented 

in the window shown in Fig. 3. All calculations are listed in 

the tree formation on the left-hand side of the window. Middle 

part of the window contains the geometry of the specific 

scenario of two adjacent rooms. The right-hand side part of 

the window provides a user with options for modifying the 

geometry, selecting basic materials of the elements, additional 

layers, small elements and other elements from the database, 

defining junction types and other details needed for the 

calculations according to EN 12354. 

 

 

Fig. 3. Basic calculation window 

 

The final results in terms of the values of single-number 

descriptors are listed in the window presented in Fig. 4. It also 

makes a comparison between the calculated values and the 
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values required by ―Tehnična smernica TSG-1-005:2012‖ [9] 

and notifies the user. 

 

 

Fig. 4. Selection of calculation results to be included in the final 

project report 

 

The selected calculation results are then put in two forms of 

project reports. Firstly, all calculation results in 1/3 octave 

frequency bands are given separately. Example of the report 

page with the results is shown in Fig. 5. In addition, all results 

are summarized in the form of a single table containing the 

values of single-number descriptors. Example of such table is 

shown in Fig. 6. It can be used afterwards for comparison 

between calculated and real values from field measurements. 

 
Fig. 5. Example of a project report page with the results of a single 

calculation 

 
Fig. 6. Example of a table with calculated values of single-number 

descriptors, as a part of a project report 

V. CONCLUSION 

This paper presented a software package for calculation of 

sound insulation in buildings. It is based on the algorithms 

described in European norms EN 12354. Another requirement 

was to make the software adapted to the national legislation in 

Slovenia. This is achieved through additional functionalities 

embedded in the software. 

Creating such nationally customized software revealed 

another practical aspect of this approach. Incorporated 

elements of national legislative made the software a universal 

tool for creating a project of sound insulation in building. This 

opened a possibility for designers lacking knowledge in the 

field of building acoustics to deal with sound insulation issues 

more easily, at least in the case of simple buildings. 
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I. INTRODUCTION 

European standards EN 12354 [1] describe models for 

prediction of sound insulation in buildings. Parts 1 and 2 

describe models for airborne and impact sound insulation 

between rooms, respectively. As such, many of the parameters 

included in the models are described in ISO 140 [2] and 

ISO 10140 [3], which propose methods for laboratory and 

field measurements. EN 12354, therefore, proposes methods 

for predicting the values of sound insulation parameters, 

instead of measuring them. The parameters can be expressed 

in octave and third-octave band values, but simplified models 

are also described, which deal with single-number parameters 

only. If detailed models are used, weighted single-number 

values can be obtained from octave or third-octave values by 

following the procedures given in ISO 717 [4]. 

As noise protection regulations in European countries 

normally define allowed values of sound insulation 

descriptors in terms of their weighted values [5], the weighted 

results of EN 12354 calculations can be used for assessing 

whether future buildings will comply with national 

requirements before it is built. 

However, to include many complex acoustic phenomena 

related with sound energy flow between rooms in buildings 

and arrive with sufficiently accurate results, the models have 

to deal with large number of parameters describing acoustic 

performance of building elements. The complexity of such 

calculations is illustrated in Fig. 1, which lists main 

parameters in the models and relations between them. 

Parameters which depend on other parameters are placed 

higher in the graph with arrows symbolising this dependency. 

According to this, four levels of parameters can be 

distinguished, with basic physical quantities at the lowest one 

and final sound insulation descriptors at the top. 

As the prime quantities to be calculated, R’ (apparent sound 

reduction index) and Ln’ (normalized impact sound pressure 

level) are chosen for airborne and impact sound insulation 

between rooms, respectively. Both direct (through the 

separating element) and indirect transmissions (through other 

paths) are considered. Their contributions are calculated 

independently, as RDd and Rij for airborne and Ln,d and Ln,ij for 

impact sound insulation (d representing the path through the 

separating element and i and j flanking elements). These four 

quantities, however, depend on many other quantities. These 

include sound reduction index of the elements (R), normalized 

impact sound pressure level (Ln), sound reduction index 

improvement and reduction of impact sound pressure level of 

additional layers (ΔR and ΔL), and normalized sound level 

difference of small building elements and flanking systems 

(Dn,e, Dn,s, Dn,f). Most of these parameters can be measured in 

laboratory using standardized procedures given in [2] and [3], 

and the data for many elements and constructions on the 

market exist, which can be used as an input for the models. 

 

m’    fc (cL)   hint Kij

Dn,e   Dn,s  Dn,f Ts,lab  Ts,situR   R

RDd Rij Ln,ij Ln,d

R Ln’ ’

L   Ln

 

Fig. 1. Main parameters for calculation of sound insulation according 

to EN 12354 

 

In addition, elements, especially massive homogeneous 

partitions, can show significantly different acoustic properties 

in the field and under laboratory conditions. Therefore, more 

quantities are needed for taking this into account, which have 

not been measured frequently, if at all, until recently and thus 

are less known about. These are laboratory and “in situ” 

structural reverberation times (Ts,lab and Ts,situ). Since their 

values are very rarely available or measured, EN 12354-

1:2000 [1] in its Annex C describes methods for their 

calculation. These methods include some physical quantities 

related to the basic material of the element, such as density (ρ) 

or mass per unit area (m’), critical frequency (fc), longitudinal 
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wave speed (cL) and internal loss factor (ηint). As the values of 

most of these quantities are also often unavailable, Annex B 

of the same standard gives several empirical values for certain 

homogeneous building materials. These are the values of ρ, cL 

and ηint, and a formula for calculating fc from them. All these 

parameters can also be used for calculating R and Ln values 

for homogeneous elements, if these data are missing as well. 

As a result, such complex calculation procedure and large 

number of parameters included can lead to high uncertainty of 

the prediction. Not only that each laboratory measured 

quantity brings its own measurement uncertainty in the 

calculation, but empirical values, which most often cannot be 

avoid in practice, may not match the real situation. Such “less 

available” parameters are in the focus of this paper. Its aim, 

however, is not to determine the level of agreement between 

their empirical and real values. Instead, it tries to determine to 

what extent the chosen values of some of the parameters 

influence the calculation and change its final results. 

II. CALCULATIONS SETTINGS 

The following scenario of two adjacent rooms is used for 

calculations according to the models presented in EN 12354. 

Both rooms have the same dimensions (5x4x2.7 m) and both 

cases of rooms “next to each other” (separating wall) and 

“above each other” (separating ceiling) are covered. All 

separating and flanking elements are massive, homogeneous 

and the junctions between them are rigid cross junctions. No 

doors, windows, small elements or additional layers are 

included. Basic material of all the walls, floors and ceilings is 

a 16cm-thick concrete. For the reference case, which is a 

starting point for variations of the parameters, the following 

values of relevant physical parameters, taken from Annex B 

of EN 12354-1 [1], are chosen: 

- density ρ=2300 kg/m
3
 (therefore, mass per unit area 

m’=368 kg/m
2
), 

- internal loss factor ηint=0.006, and 

- longitudinal wave speed cL=3500 m/s (therefore, 

according to Annex B, critical frequency fc=114.7 Hz). 

Sound reduction index (R) of the elements and normalized 

impact sound pressure level (Ln) of the floors are calculated 

according to Annex B, sound reduction index (Kij) according 

to Annex E and structural reverberation times (Ts) according 

to Annex C. 

Since the contribution of the parameters in the calculations 

is in general non-linear, the influence of their variation on the 

final results is inspected by simulations. At first, for each 

specific simulation one of the parameters is varied. This is 

done by making its value a random variable with Gaussian 

distribution, thus representing the deviation of parameter 

values due to measurement uncertainty, for example. Mean 

value of the distribution is equal to the value of the parameter 

in the reference case. Standard deviation is chosen to agree 

with common dispersion of their measured values reported in 

the literature [6-8] or reasonably expected in real 

circumstances. They are given in Table I (std1 to std5). Since 

Kij and Ts,situ are, generally, frequency dependable, the values 

of these parameters are varied in each third-octave frequency 

band independently. Additional care has to be taken so that 

structural reverberation time values always stay positive. 

Although, its standard deviation is kept low in comparison 

with absolute values, at high frequencies in some simulations 

large negative deviations can result in negative structural 

reverberation time, which are then made positive. Since each 

simulation is repeated 1000 times, with the same value of 

standard deviation of each parameter, before the standard 

deviation of the results is calculated, this does not make a 

statistically significant contribution to the overall results. 

TABLE I 
CHOSEN STANDARD DEVIATIONS OF THE ANALYSED PARAMETERS 

X \ std(X) std1 std2 std3 std4 std5 

ρ [kg/m
3
] 25 50 75 100 125 

cL [m/s] 100 200 300 400 500 

ηint [/] 0.00100 0.00125 0.00150 0.00175 0.00200 

Kij [dB] 1 2 3 4 5 

Ts,situ [s] 0.01 0.02 0.03 0.04 0.05 

 

At second, to test the most unfavourable scenario of bias 

error, i.e. constant difference between chosen parameter 

values and the real ones, a different approach is taken. 

Parameter values are increased or decreased by a certain value 

for all the elements (or junctions in the case of Kij). In this 

way, bias error presented as the difference between the 

adopted empirical and real values of the parameters can be 

simulated. The difference between the results obtained with 

these values of input parameters and the reference case results 

then represents the resulting error. These value “shifts” for all 

the analysed parameters are given in Table II. The table 

represents their range from the largest negative (b1) to the 

largest positive value (b11), and the size of the step between 

two successive values. In total, eleven shifts, including the 0 

value (b6), which corresponds to the reference case, is 

considered for each parameter. 

TABLE II 

RANGE OF THE SIMULATED BIASES OF THE ANALYSED PARAMETERS 

AND THE STEP BETWEEN THE TWO BIAS VALUES 

X \ bias(X) b1 b11 step 

ρ [kg/m
3
] -375 375 75 

cL [m/s] -1000 1000 200 

ηint [/] -0.005 0.005 0.001 

Kij [dB] -10 10 2 

Ts,situ [s] -0.15 0.15 0.03 

III. RESULTS 

Figs. 2 and 3 show standard deviation of apparent sound 

reduction index (a) and normalized impact sound pressure 

level (b) as the function of standard deviation of each of the 

analysed parameters. Values of std1 to std5 of the parameters 

are given in Table I. Fig. 2 covers the case of rooms “above 

each other” and Fig. 3 rooms “next to each other”. 

If the chosen standard deviation values are taken to 

represent typical variability of analysed parameters in 
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practical circumstances, they can be compared by their 

influence on the prediction results. If so, it follows that most 

critical are the values of Kij and Ts,situ, especially for the 

impact sound insulation calculations and rooms one next to 

each other. For example, standard deviation of “in situ” 

structural reverberation time of only 0.03 s can lead to 

standard deviations of Ln’ value of 1 dB. R’ values seem to be 

less sensitive to “reasonable” parameter variations, although 

small influence of longitudinal wave speed (cL) is observable. 

 

 

 
Fig. 2. Relation between standard deviations of the analysed 

parameters and sound insulation descriptors (separating ceiling) 

 

The bias calculation errors, representing the difference 

between the calculation results obtained with shifted values of 

input parameters (see Table II) and the reference case results, 

are shown in Figs. 4 and 5. The former one presents results for 

separating ceiling scenario and the latter one for separating 

wall. The four largest negative values of Ts,situ biases are 

omitted, since they caused Ts,situ values at higher frequencies 

to fall below zero and thus produce meaningless final results. 

Expectedly, bias errors in the assessment of analysed 

parameter values can cause much larger calculation errors 

than small deviations around the real values. This is partially 

due to the cumulative effect of the bias errors, since they are 

superimposed over all of the elements and junctions involved. 

The calculation results are again especially sensitive to Ts,situ 

and Kij values and R’ values seem to be equally influenced as 

Ln’. Bias Kij value error of -4 dB can cause a calculation bias 

error of +3 dB in the case of airborne sound and -2 dB in the 

case of impact sound insulation, thus leading to higher values 

of sound insulation. This becomes especially interesting 

considering that some data from the literature [6, 7] report that 

Kij values calculated according to Annex E of EN 12354-

1:2000 tend to underestimate its real values by about 5 dB and 

even more, depending on the junction type. 

 

 

 
Fig. 3. Relation between standard deviations of the analysed 

parameters and sound insulation descriptors (separating wall) 

IV. CONCLUSION 

According to EN 12354-1:2000 and EN 12354-2:2000 [1], 

calculated weighted values, obtained by using the described 

methods, should show dispersion around real values with 

standard deviation of around 2 dB and a bit higher in the case 

of horizontal transmission of impact sound. Standard 

deviation values obtained here as a consequence of reasonable 

parameter deviations (such as relatively small measurement 

uncertainties) are lower. Therefore, relatively small variations 

of parameter values should not influence the final results 

significantly, although, Kij and Ts,situ seem to be more 

influential than other analysed parameters. However, bias 

errors of input data, such as wrong empirical values adopted, 

can lead to significantly changed calculation results. Again, 

the results seem to be especially sensitive to adopted Kij and 

Ts,situ values, relatively new quantities still less known. The 

conducted analyses show that changes of their empirical 

values, which are still under a debate, can change calculated 
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sound insulation descriptors values by several decibels and, 

hence, should be chosen very carefully. One should take this 

into account when implementing EN 12354 models for sound 

insulation calculations, since the accuracy of empirical 

formulae for Kij still has to be improved. 

 

 

 
Fig. 4. Error of the sound insulation calculations as a function of 

analysed parameters bias error (separating ceiling) 

 

The conducted analyses are incomplete in many terms. The 

lightweight elements were not included. Calculation of sound 

reduction index (R) and normalized impact sound pressure 

level (Ln) according to Annexes B of EN 12354-1:2000 and 

EN 12354-2:2000 were executed for each element, although, 

it is a common case in practice that their values are available 

from laboratory measurements. If so, the influence of 

analysed parameters such as density (ρ), longitudinal wave 

speed (cL) and internal loss factor (ηint) could be smaller, only 

through the involvement in structural reverberation time (Ts,situ 

and Ts,lab) calculations (see Fig. 1). Other room dimensions, 

wall thicknesses and junction types should also be inspected, 

in order to get more complete picture of the calculation results 

sensitivity to the variation of input parameters. 

ACKNOWLEDGEMENT 

The work presented in this paper is a part of the activities 

on project TR 36026 of Serbian Ministry of Education, 

Science and Technological Development. 

 

 
Fig. 5. Error of the sound insulation calculations as a function of 

analysed parameters bias error (separating wall) 
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Content-Based Facial Image Retrieval Using SIFT 
Descriptor with Reduced Number of Matched Keypoints 

Nikolay Neshov1

Abstract – In this paper a Content-Based Facial Image 
Retrieval system is presented. To extract interesting keypoints in 
a given face a SIFT descriptor is used. For calculation of the 
distance between two faces the number of matched keypoints is 
reduced based on naive Bayes classifier which is previously 
trained on spatial distances. Finally it is shown the performance 
of the system. 
 

Keywords – Lucene Image Retrieval (LIRe), Open toolkit for 
Intelligent Multimedia Analysis in Java (OpenIMAG), Content 
Based Image Retrieval (CBIR), Scale Invariant Feature 
Transform (SIFT). 
 

I. INTRODUCTION 

Today’s Content-based image retrieval (CBIR) algorithms 
have still limited retrieval performance. This is due to the fact 
that the visual representation of the images in a form of low-
level features not necessarily describes their semantic content. 
This often causes inaccurate images to appear in the first 
positions of the list of results. There are many 
implementations of facial CBIR and recognition systems [1]. 
In this work a CBIR system adapted for searching of similar 
faces based on Scale Invariant Feature Transform (SIFT)  is 
proposed. SIFT features are scale and rotation invariant and 
provide robust matching across addition of noise, different 
illumination and changes in angle view. There are several 
works that use SIFT features for facial content based image 
retrieval. Some of these are presented in [2-4]. In the current 
work the number of pairs of keypoints to be compared is 
reduced by ignoring the number of false matches. To 
distinguish between false and true matches the distance 
between each pair is classified using naive Bayes classifier. 

II. DATABASE AND PERFORMANCE MEASURES 

For experiments of the proposed algorithm, we used 
Georgia Tech Face Database [5]. It contains a total of 750 
images that represent faces of 50 people (15 images per 
person). To estimate the retrieval accuracy of the system each 
image from the database is used as a query. Then by scanning 
the list of results if the current image shows the face of the 
person from the query it is considered relevant. The 
performance measures used are Mean Average Precision 
(MAP), precision at the first ten retrieved results (p@10) and 
Error Rate [6]. 

III. ALGORITHM DESCRIPTION 

For the investigations of this work, an extension of LIRe 
[7], [8] is developed using a SIFT feature implementation 
available from OpenIMAJ [9]. First many several interesting 
keypoints are extracted from the face images in the database 
using the Difference-of-Gaussian (DoG) feature detector - set 
of filters applied at different scales over the image. Then some 
of these locations are refined by ignoring points of low 
contrast. Based on local image features an orientation for each 
keypoint is determined. Further a local feature in form of 128 
dimensional vector is computed for each keypoint. This 
feature is orientation invariant and captures the local gradient 
around the keypoint according to its orientation. Next all 
features (for all keypoints per image) are stored in a feature 
database. When a query image is given to the system the same 
process of keypoints extraction is performed and the similar 
distance to each target image from the database is calculated. 
Finally the results images are displayed in ascending order 
with respect to their distances to the query. 

Basically in calculation of the similarity of two images 
using SIFT the first goal is to pick a keypoint from the query 
image and then find its closest match in the second set of 
keypoints that belong to the target. The similarity d of two 
matched keypoints is calculated as Euclidian distance between 
their respective feature vectors (q and t): 

 ∑
=

−=
128

1

2)(),(
i

ii tqtqd ,  (1) 

where qi and ti are i-th coordinates of vectors q and t 
respectively. 

The final similarity distance D of two images (Q and T) that 
contain P numbers of matched keypoints is given as mean of 
distances calculated for each pair of matched keypoints: 

 ∑
=

=
P

p
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P

TQD
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),(1),( ,  (2) 

where d(q,t)p is p-th pair of matched keypoints. 
Because a lot of matches found in this way are incorrect we 

perform a distance check and filter out such matches based on 
probabilistic model that was trained using naive Bayes 
classifier of distances. The parameters of this model are taken 
from the source code of OpenIMAJ. According to its 
description the model was trained on 4128 manually 
annotated match pairs (3380 correct and 748 incorrect). 

 

1Nikolay Neshov is with the Faculty of Telecommunications at
Technical University of Sofia, 8 Kl. Ohridski Blvd, Sofia 1000, 
Bulgaria, E-mail: nneshov@tu-sofia.bg.  
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IV. EXPERIMENTAL RESULTS 

Table I shows an experimental comparison of the 
performance of SIFT feature proposed in this article and some 
other global features [6]. It can be seen that SIFT reaches the 
highest value of MAP and p@10 and the lowest Error Rate 
among all other examined features. 

TABLE I  
PERFORMANCE COMPARISON IN TERMS OF MEAN AVERAGE 

PRECISION, P@10 AND ERROR RATE OF SIFT AND SEVERAL GLOBAL 
FEATURES 

Feature Name MAP, % p@10, % Error Rate, % 
SIFT 48,689 56,84 22,667 
Scalable Color 41,571 44,88 33,467 
Edge Histogram 36,413 42,04 24,133 
DCT Coefficients 32,666 39,12 30,933 
Tamura 20,119 23,827 58,8 
Gabor 13,25 12,453 79,467 

 
Fig. 1 allows for a visual interpretation of the performance 

values from Table I. 

In Fig. 2 is depicted an example of a query face image and 
the first five retrieved images from the database. It can be 
seen that each of them contains the face of the same person as 
those from the query image. 

 

 
    Query                                         Results 

Fig. 2. Example of given query image and the first five retrieved 
using SIFT 

 

V. CONCLUSION 

The contribution of this work has both scientific and 
practical aspects.  

From the scientific point of view this article presents an 
approach for facial CBIR, based on SIFT features with 
reduced number of matched keypoints. The approach is 
compared to five low-level global features and the 
experiments show increasing of retrieval performance from 
41,57 % to 48,69 % in terms of MAP and from 44,88 % to 
56,84 % in terms of p@10 in comparison to the best global 
feature examined (Scalable Color). The Error Rate is reduced 
from 33,47 % to 22, 67 % which can be considered as 
improvement of the classification performance of the 
system.(Table I).  

From the practical point of view a system for Facial 
Content Based Image Retrieval is built. 
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Text Extraction from Complex Background Images  
Nikolay N. Neshov1, Ivo R. Draganov2, Darko Brodic3 

Abstract – This paper presents a method to automatically 
localize and extract text regions in JPEG compressed images and 
the I-frames of MPEG compressed videos. Unlike some 
previously published works which use full decompression of the 
video sequence before extracting the text locations the presented 
method detects candidate text regions directly in the DCT 
compressed domain, which causes very fast computation process 
because of the small amount of required decoding operations. 
This is appropriate in case of text detection on large number of 
images. Promising results have been obtained by the suggested 
algorithm. 
 

Keywords – Text extraction, DCT, JPEG, MPEG. 

I. INTRODUCTION 

Many digital images are recorded, transferred, and 
processed in a compressed format. Thus, a faster text 
information detection system can be achieved if text 
extraction can be done without decompression. Extraction of 
this information involves detection, localization, extraction, 
enhancement, and recognition of the text from a given image. 
However, variations of text due to differences in size, style, 
orientation, and alignment, as well as low image contrast and 
complex background make the problem of automatic text 
extraction extremely challenging. 

Some features, particularly those based on the image’s 
spatial frequency, have been proved to be very useful. In [1] is 
developed algorithm for detecting, binarizing, and tracking 
caption text ingeneral-purpose MPEG video. An advantage of 
the frequency-based methods is that they can realize a fast text 
detection in the DCT compressed domain or Wavelet 
Transform (WT) [2, 3]. Many authors use the DCT 
coefficients of lower frequency, while others use the Wavelet 
coefficients of higher frequency. 

Usually, the evaluations of the features for text detection 
have been made mainly through the evaluations of the final 
results of text region detection [4, 5, 6]. Analyses of the 
features for text/background separation have not been studied 
enough. No research has yet been made for finding a 
frequency band that is potentially good for text region 
detection.  

Some works suggest the weighted DCT coefficient based 
text detection, mainly empirically defined [7]. Fisher’s 
discriminant criterion [8] has been used for optimizing the text 
features as well. 

We focus on analyses and evaluations of the DCT-based 
features and post-filtration of the non-text DCT blocks. In 
Section 2, is introduced the proposed text detection method 

using DCT-based features in low frequency band, a filtration 
method in 6 steps for candidate-text regions and the proposed 
algorithm’s block diagram are presented. We analyze and 
include experimental results is Sections 3 and in section 4 
conclusion is done. 

II. ALGORITHM DESCRIPTION 

All operations are performed in the Discrete Cosine 
Transform (DCT) domain for high speed processing. The 
basic algorithm is accomplished as follows: For each DCT 
block 8x8 a sum of specially chosen AC coefficients ACS  
(shown in Fig. 1) are used to compute a specific feature called 
text energy of the particular block [1]: 
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Fig.1 DCT coefficients (highlighted in grey) used for computation of 

a text energy 

Generally, the symbols in images are almost always larger 
than 8 by 8 pixels, so the text energy of given symbol is not 
concentrated inside the block only, but is distributed to its 
neighbors. In order to achieve better results the average text 
energy ),( jiET of neighbouring blocks instead of the single 
block is taken in account. The used vertical and horizontal 4 
nearest adjacent DCT blocks are shown in Fig. 2. 
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Fig.2 DCT block (i,j) and its neighbors used for computation of the 

text energy ),( jiET  

Thus, the text energy ),( jiET for DCT block ),( ji  is 
estimated like this:  
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In order to determine whether given block belongs to text 

or background it is necessary to compare each ),( jiET to an 
appropriate threshold value -θ . The image then can be 
presented as a binary map of white (background / no text) and 
black (text) blocks - ),( jiTb , based on the simple decision 
rule: 
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The choice of thresholdθ should be an image parameters 

dependent value. In our suggestion θ  is based on the average 
global contrast of image - C . The value of C  can be 
computed easily with sufficient accuracy by finding the 
difference between the max and min DC coefficient value for 
the whole image: 

 

 { }),(minmin jiDCDC = .                         (4) 

 { }),(maxmax jiDCDC = .                      (5) 

 minmax DCDCC −= .                            (6) 

 
The optimal relation between C and θ  found in our 

investigations is: .9.0 C=θ  
After extraction of text blocks candidates the expectation 

is each of them to contain a part of text symbols. 
Nevertheless, there are some blocks which have quite strong 
text energy to appear as false alarms. These are edges, noise 
or other areas in the image that have high AC values. Thereby, 
additional operations are needed to achieve better extraction 
results. The following section describes the developed 
algorithm of 2D filtration operations which is to be applied on 
the extracted text region candidates. For illustration and 
describing of the method an example image shown in Fig.3a is 
processed and each intermediate result is depicted after each 
step.  

First, text blocks are extracted based on the computed DCT 
text energy (2) and applying the criterion in equation (3). The 
extracted candidate text DCT blocks can be seen in Fig. 3b. 

A multi-pass filtration in DCT domain is proposed in the 
following steps: 

1st step: Vertical filtration of single blocks, which are not 
connected in vertical direction, assuming that text part have 
height more than one block - 8x8 pixels (Fig. 3c). 

The operator of the filtration of text DCT block  
0),( =jiTb utilizes the following criterion: 

 

    
⎪
⎩

⎪
⎨

⎧
=+

=−
=

. , ),(
) ( ,255)1,(

255)1,(,255
),(

otherwisejiT
textnojiTand

jiTif
jiT

b

b

b

b
   (7) 

 
2nd step: Creating rectangle around connected blocks and 

filtration of vertical structures according to a criterion: , where  
and  are respectively the height and the width of the 
surrounding rectangle (Fig. 3d). 

3rd step: Horizontal filtration of less than four 8x8 blocks, 
assuming that URL addresses have more than or equal to four 
horizontal symbols (Fig. 3e). 

4th step: Vertical filtration of single vertical blocks- second 
pass (Fig. 3f). 

5th step: Horizontal filtration of less than four 8x8 blocks - 
second pass (Fig.3g). 

6th step: Creating output image based on the DCT blocks 
mapped as text (Fig. 3h). 

 

 a)  b) 
 

 c)  d) 
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 e)  f) 

 g)  h) 
 

Fig.3 Illustration of intermediate results for text detection and 
extraction and filtration of an image. 

 
In Fig. 4 is depicted the developed algorithm block diagram 

by which the text detection is realized. 

III. EXPERIMENTAL RESULTS 

The proposed method has been tested on JPEG images 
with the following characteristics:  

Dimensions – from 150 x 220 up to 1900 x 1000 pixels; 
File sizes – from 7 kB to 444 kB. 
Total time for processing 40 test images is 2.26 sec. The 

average execution time is 0.06 sec/image. 
In Table I are given the total number of the correctly found 

text fields, the missed ones and falsely detected ones which 
don’t contain text. 

Text region is considered any line of text from one letter to 
a whole text line filling the image entirely in horizontal 
direction. Different text lines are considered separate text 
region regardless of the possibility that they may form one 
single text block. 

To get a general notion of the accuracy of the tested 
approach two general estimations are given – Recall and 
Precision, calculated according to (8) and (9) equations 
respectively: 

 

Regions MissedDetectionsRegion Correct
DetectionsRegionCorrectRecall
+

= ,     (8) 

 

Alarms FalseDetectionsRegionCorrect
DetectionsRegionCorrectPrecision

+
= .    (9) 

 
TABLE I 

TEXT FIELD ACCURACY DETECTION 
Correct Text 

Region 
Detections 

Missed 
Text 

Regions 

False 
Alarms Recall, % Precision, %

98 36 74 90,21 87,36 

 

IV. CONCLUSION 

The achieved values according to Table I are high enough 
corresponding to the current state of similar approaches’ 
performance. The suggested algorithm for text detection in the 
frequency domain and post-filtration is implemented in the 
program language C. The result of tests are conducted on an 
HP® Z600 workstation with dual Quad-core® Intel® Xeon® 
CPUs, 6 GB DDR2 RAM. The text regions detection accuracy 
is estimated for images with different dimensions and 
complex background. The applied 2D filtration in DCT 
domain decreases the false detected text blocks.  

In this paper, we have proposed a combination of DCT 
features and a new set of schemes for filtration of detected 
textural, but non-text DCT blocks, differ from previously 
proposed methods and algorithms, based on the relative DCT 
coefficients frequency. The method proposed is considered 
appropriate for the purpose. 
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Fig.4 Block diagram of the proposed algorithm for text block extraction 
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Estimation of the Global and Local Text Skew in the  Old 
Printed Documents 

Darko Brodić1, Ivo Draganov2, Dragan R. Milivojević3, Viša Tasić3  

Abstract – The paper proposed a robust skew estimation method 
for the old printed document that estimates global and local skew 
angles. The global skew angle characterizes the main skew angle of 
the document image. In order to identify it, the longest object was 
extracted. Then, its skew was estimated with the moments. 
Accordingly, document image was globally de-skewed. The local 
skew angle represents a fine variation of each text line after de-
skewing document image. Creating vertical projection profiles of de-
skewed document identified different text lines. Line through text 
objects joined them in each text line. At the end, text skew of such 
objects was estimated by the moments identifying local text skews. 
 

Keywords – Document image analysis, Moment methods, Optical 
character recognition, Projection algorithms, Skew Adjustment. 

 

I. INTRODUCTION 

Old historical documents represent the part of great cultural 
and scientific importance. Due to its age, it is quite common for 
such documents to suffer from degradation. Examples of 
degradations include shadows and variable background intensity, 
smudges, ink seeping, smear and strains. These degradations 
make image preprocessing particularly difficult and produce 
recognition errors. The printed text is mostly uniform [1]. That 
considers pretty the same skew, which represents the global text 
skew. However, old historical documents incorporate paper 
stretching. It contributes to non-uniformity of text orientation. 
Hence, each text line has a slightly different skew, which 
represents local text skew. 

In document automatic recognition systems, the quality of the 
input image is crucial to the final performance. There are a 
variety of interfering effects such as noise and skewing that 
appear during the scanning process. These components disturb 
the proceeding and decrease the performance of the recognizer. 
Skew correction plays an important role in the image 
preprocessing. A small inclination in the document image can 
interfere in the layout analysis and consequently, in the rest of the 
process. That is why the identification of the object skew in the 
image is one of the most important tasks in digital image 
processing and document image analysis. It is due to optical 
character recognition (OCR) system sensitivity to any skew 
appearance in the text.  

Because of the scanning process, the text skew occurrence is 

unavoidable. It is an implication of the digitization process. To 
solve a problem, a large amount of techniques has been 
developed. They can be classified as [1]: projection profiles 
method, k-nearest neighbour clustering methods, Hough 
transforms methods, Fourier transformation methods, cross-
correlation methods, and other methods. 

Many of these methods have strong points as well as 
weaknesses. Projection profile method is a straightforward 
method, which is suitable for text with uniform skew only [2]. K-
nearest neighbor clustering method cannot handle incorporation 
of noisy subparts in text, which leads to reduced accuracy. The 
Hough transforms method needs preprocessing stage, which 
defines candidate mapping points [4]. The method is complex 
and computer time intensive. The Fourier transforms method is 
even more complex [5]. The cross-correlation method is limited 
only to small skew angles up to 10° [6]. Interesting extension of 
this group of methods is given in [7]. 

The techniques classified as other methods are based mostly 
on combination techniques. They have been reputed as the most 
efficient ones. However, they are multistage and computer time 
intensive. In [8]-[9], preprocessing of document image is made 
by complex decision making. It is performed with complex 
geometrical filtering. Global text skew is identified with the 
cross-correlation method applied to remain connected 
components. At the end, local text skew is calculated with the 
least square method. This technique performs local skew 
estimation and reliable text localization without restriction of the 
skew angle value. 

The main contribution of this paper is the algorithm suitable 
for the recognition of the text skew in the old printed documents 
characterized with dominant skew and small variation of the local 
skew in each text line. 

Organization of this paper is as follows. Section 2 presents 
previous works. Section 3 describes proposed algorithm. Section 
4 defines text experiments. Section 5 shows and discusses test 
result. Section 6 makes conclusions. 

II. PREVIOUS WORKS 

The algorithm identifies global and local text skew of the 
printed documents. The global text skew represents the dominant 
text skew of the whole document, while the local text skew 
shows a small variation of the skew in each text line. It consists 
of the global and local skew estimation stage. 

First, the stage that estimates the global text skew consists of 
the steps that follow: 

- Uneven illumination reduction with binarization. 
- Convex hulls extraction. 
- Joining text objects with binary morphology. 
- Extraction of the longest object. 
- Skew estimation of the longest object by the moments. 

1Darko Brodić is with the University of Belgrade, Technical Faculty
in Bor, Vojske Jugoslavije 12, 19210 Bor, Serbia.   

2Ivo Draganov is with the Technical University of Sofia, Faculty of
Telecommunications, Bul. Kl. Ohridsky 8, Sofia 1797, Bulgaria.   

3Dragan R. Milivojević and Viša Tasić are with the Mining and
Metallurgy Institute Bor, Zeleni Bulevar 35, 19210 Bor, Serbia.  

165



 
 

- Global de-skewing of the original document. 
The stage that estimates the local text skew includes following: 
- Vertical projection profiles of de-skewed document.  
- Joining objects in each text line striking them with line. 
- Skew estimation of each text line. 
Fig. 1.(a) shows the old historical printed document. 
 

 
 

(a) (b) 

Fig. 1.  The old historical printed document: (a) Whole document, and  
(b) Fragment (lines are subsequently drawn). 

It is obvious that the orientation of text lines is quite similar, 
which represents dominant i.e. global text skew. Fig. 1.(b) shows 
the fragment from the historical document. To illustrate a small 
difference between text lines orientation, the lines are 
subsequently drawn in text. These variation of the orientation is 
characterized by paper stretching, which forms a local text skew. 

Global Text Skew Estimation 

Uneven illumination reduction with binarization  
The uneven illumination distribution in the background of 

historical documents is very frequent. It degrades the visual 
quality of the text image and makes it difficult to recognize the 
content. In order to efficiently solve this problem, ref. [10] 
proposed an efficient edge-based light balancing scheme (ELBS) 
for text images. After application of this algorithm, the document 
text image is a grayscale without uneven illumination. It is given 
by matrix D, which consists of M rows, N columns, and L 
intensity levels of gray. L is the integer from {0, …, 255}. D(i, j) 
∈ {0, …, 255}, where i = 1, …, M and j = 1, …, N.  

The binarization transforms grayscale into a binary image B(i, 
j). Hence, if D(i, j) ≥ Dth then B(i, j) = 1, else if D(i, j) < Dth then 
B(i, j) = 0, where Dth represents the global threshold sensitivity 
value [11]. Document text image is a binary image represented 
by matrix B featuring M rows and N columns, and two intensity 
levels. Fig. 2 shows skewed document: (a) original, and (b) 
binarized.  

Convex hull extraction 
Instead of using bounding boxes [12], the convex hulls over 

text objects have been exploited. Convex hull creates a smaller 
region around the text compared to the bounding box. Hence, the 
probability for touching the neighbor text fragments has been 
reduced. Upon the extraction of the convex hulls, they are filled 
with white pixels. Such a text image is given with matrix C. 

Joining text objects with binary morphology 
Each convex hull is growing in all directions creating connected 

components (CC). It is achieved with erosion applied to C. This 
way, the adjacent CC is merged establishing the text line.  

 
(a) (b) 

Fig. 2.  Skewed document: (a) Original, and (b) Binarized. 

The structuring element S represents a line with variable 
width. It is given as: 

.= ΘY C S  (1)

In order not to touch or join separate neighbour text lines, the 
width of the line should be chosen carefully. It heavily depends 
on each CC's height. Empirically, it is calculated as approx. 30% 
of the CC's height. Fig. 3.(a) shows connected components 
established by erosion. 

 

 
(a) (b) 

Fig. 3.  (a) Image after morphological operation, (b) Extraction of CCL.

Extraction of the longest object 
From Y, the longest connected components CCL is extracted 

with the longest common subsequence (LCS) method [12]:  

{
, 1

max ,
K

L ncc
i j n

CC CC
=

⎛ ⎞
= ⎜ ⎟

⎝ ⎠
I  (2)

where ncc is a number of CC. The longest CC, i.e. CCL is shown 
in Fig 3.(b). Document text skew can be estimated by identifying 
the orientation of CCL [12].  

Skew estimation of the longest object by the moments 
In order to estimate the skew orientation of CCL, the moment 

based technique is used. Moment defines the measure of the pixel 
distribution in the image. It identifies global image information 
that depends on its contour. Moments of the binary image B are 
given as [13]: 

1 1

,
N M

p q
pq

i j

m i j
= =

= ∑∑  (3)

where p and q = 0, 1, 2, 3, ..., n, and n represent the order of the 
moment. The central moment μpq for binary image B is calculated as: 
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= =

= − −∑∑  (4)

The image feature representing the object orientation θ is 
obtained from the moments. It illustrates the angle between the 
object and the horizontal axis. It is obtained as [13]: 

11 20 020.5 arctan(2 / ( ))θ μ μ μ= ⋅ −  (5)

Skew of the longest object represents the global text skew. 
Global de-skewing of the original document 
According to the global text skew, the binary document is de-

skewed. It is shown in Fig. 4.(a) and 4.(b). 
 

 
(a) (b) 

Fig. 4.  (a) Original document, and (b) De-skewed document. 

After de-skewing, the local text skew should be estimated. 

Local Text Skew Estimation 

Vertical projection profiles of de-skewed document 
 First, vertical projection profile method is exploited. It extracts 

features from the projection profiles of text lines, which gives the 
sum of black pixels perpendicular to the y-axis. It is represented 
with the vector Pv defined as [14]: 

1

[ ] ( , )
N

v d
j

P i B i j
=

= ∑  (6)

where Bd (i, j) is the instance of de-skewed binary image. The 
valleys of the vertical projection correspond to the background of 
the image. Finding local peaks in the vertical projection gives the 
center position of each text line [14].  

Joining text objects in each text line  
The maximum of each peak represents the coordinate of the 

line, which is drawn. This way, text objects in each text line are 
joined together. Fig. 5 shows joined text lines. 

Skew estimation of each text line  
Local text skew is calculated using (6) for each text line. That's 

way, for the example of text document skewed by 20º, the global 
text skew is 19.7918º, while the local text skews are (26 lines) 
between -0.2468º and 0.2692º (300 dpi). 

 

 

Fig. 5.  Zoom of the text lines after joining procedure. 

III. EXPERIMENTS 

The task of the experiments is to evaluate algorithm's ability to 
estimate the text skew. The experiments were performed on real 
and synthetic datasets. Synthetic dataset represent the single-line 
samples of the printed text, which are rotated. The angle θ is 
rotated from 0° to 45° by the 5° steps around x-axis in the 
positive direction. It is illustrated in Fig. 6. 

 

 

(a) (b) 

Fig. 6.  Synthetic dataset: (a) Definition, (b) Example. 

Fig. 7 shows the original document which is rotated creating 
dataset. The angle θ is rotated from 0° to 45° by the 5° steps 
around x-axis in the positive direction. 

 

(a) (b) 

Fig. 7.  Real dataset: (a) Original document (b) Skewed document. 

All text samples are given in the resolution of 300, 150, 100, 
75 and 50 dpi. The results are evaluated by the absolute 
deviation. It is given as: 

,A REF Aθ θ θΔ = −  (7)

where θREF is the referent skew of the input text sample and θA is 
the text skew obtained by the algorithm. The relative error (RE) is 
given as: 

( ) .A

REF

RE θθ
θ
Δ

=  (8)
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IV. RESULTS AND DISCUSSION 

Tables I-II show absolute deviation of the global text skew for 
synthetic and real dataset, respectively. 

TABLE I. ABSOLUTE DEVIATION FOR SYNTHETIC DATASET. 
Synthetic 300 dpi 150 dpi 100 dpi 75 dpi 50 dpi 
θREF (º) Δθ(º) Δθ(º) Δθ(º) Δθ(º) Δθ(º) 

0 0.0000 0.0000 0.0000 0.0000 0.0000 
1 0.0372 0.0517 0.0544 0.1157 0.0017 
2 0.2582 0.0925 0.1351 0.0102 0.1088 
3 0.3355 0.1292 0.0147 0.0134 0.2550 
4 0.0576 0.0613 0.0718 0.1798 0.1198 
5 0.0839 0.1000 0.0323 0.1010 0.0921 
6 0.0614 0.0134 0.0148 0.2135 0.8336 
7 0.0814 0.0492 0.1348 0.3068 0.4113 
8 0.1055 0.1307 0.0278 0.0056 0.5080 
9 0.0448 0.1036 0.2335 0.1013 0.3859 
10 0.1340 0.0893 0.2268 0.2138 0.6438 
15 0.2786 0.3033 0.3809 0.3628 1.0774 
20 0.4534 0.5437 0.5745 0.9677 0.8270 
25 0.6338 0.7805 0.9036 1.3814 2.2697 
30 0.9245 1.1040 1.0183 1.3528 2.0654 
35 1.1288 1.2527 1.4378 1.7182 2.3277 
40 1.4909 1.4214 1.9928 2.3231 2.5742 
45 1.5888 1.8475 1.9872 1.7570 2.2730 

TABLE II. ABSOLUTE DEVIATION FOR REAL DATASET. 
Real 300 dpi 150 dpi 100 dpi 75 dpi 50 dpi 
θREF (º) Δθ(º) Δθ(º) Δθ(º) Δθ(º) Δθ(º) 

0 0.4764 0.4644 0.4167 0.4903 0.5773 
1 0.4438 0.4449 0.4280 0.4059 0.5378 
2 0.4385 0.4109 0.4062 0.4384 0.4943 
3 0.4599 0.4046 0.4764 0.4224 0.4725 
4 0.4030 0.4436 0.4472 0.5166 0.5029 
5 0.4218 0.3968 0.4536 0.4674 0.5577 
6 0.4148 0.4460 0.4597 0.4575 0.4262 
7 0.4295 0.4075 0.4498 0.4628 0.6191 
8 0.4770 0.4500 0.4529 0.4250 0.5965 
9 0.4634 0.4366 0.4073 0.4218 0.6414 
10 0.4500 0.4461 0.4934 0.4927 0.7326 
15 0.4616 0.6302 0.6061 0.9292 1.0112 
20 0.4710 0.6444 0.6452 1.1104 1.1068 
25 0.4823 0.6910 0.6710 1.3061 1.5084 
30 0.4827 0.7016 0.9542 1.4755 1.5822 
35 0.7296 0.7738 1.3487 1.6119 1.4585 
40 0.7583 0.8054 1.5281 1.6468 1.8245 
45 0.7686 0.7925 1.4999 1.8097 1.9028 

 
Global skew results are as follows: up to 10º, maximum 

absolute deviation is from 0.13º to 0.21º, except for images in 50 
dpi, where it is 0.64º; up to 30º, maximum absolute deviation is 
from 0.92º to 1.35º, except for images in 50 dpi, where it is 2.06º; 
up to 45º, maximum absolute deviation is from 1.58º to 2.32º, 
except for images in 50 dpi, where it is 2.57º (for synthetic 
dataset), and up to 10º, maximum absolute deviation is from 
0.45º to 0.49º, except for images in 50 dpi, where it is 0.73º; up to 
30º, maximum absolute deviation is from 0.48º to 1.47º, except 
for images in 50 dpi, where it is 1.58º; up to 45º, maximum 
absolute deviation is from 0.76º to 1.80º, except for images in 50 
dpi, where it is 1.90º (for real dataset). Maximum absolute 
deviation of the local skew are between -0.3718º and 0.2647º, 
except for images in 50 dpi, where it is between -1.0853º and 
1.2994º. These results are quite acceptable, because geometrical 
filtering was excluded in preprocessing stage.  

V. CONCLUSION 

The paper proposed robust method for the estimation of global 
and local text skew. Method shows good results of global skew 
estimation for different resolution of test images from 300 down 
to 50 dpi. It is a merit of the moment based method exploration. 
Method shows an acceptable result for the local skew estimation. 
Accordingly, a fine-tuning of each text line orientation is feasible. 
Further research should be directed toward incorporation of 
preprocessing geometrical filtering, which will exclude elements 
like smudges, ink seeping, smear and strains. 
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New and advantageous approach for lossless compression 
of computer tomography image sequences 

Peter Ivanov1, Agata Manolova2, Roumen Kountchev3 

Abstract – In this paper, we introduce a lossless compression 
method for CT image sequences which is efficient due to 
compression ability and complexity. It consists of a new 
decorrelation method called Hierarchical Adaptive Karhunen-
Loeve Transform (HAKLT) which has a very good energy 
compaction and combined with standard AC and RLE coders, it 
has higher compression ratio than the standard JPEG. The aim 
is to obtain high decorrelation for each group of consecutive CT 
images. In result, the main part of the energy of all images in the 
sequence is concentrated in a relatively small number of eigen 
images. The computational complexity of the new algorithm is 
reduced in average 2 times, when compared to that of standard 
KLT.  
 

Keywords – Decorrelation of CT image sequences, lossless 
compression, Hierarchical Adaptive KLT transform, JPEG 
 

I. INTRODUCTION 

Medical images are widely used for diagnosis purposes and 
all types of surgery procedures. They include human body 
pictures and are being present in digital form. Imaging devices 
improve everyday and generate more data per patient. In the 
field of profiling patient’s data, medical images need long-
term storage [1]. Therefore, images need compression and 
compression ratio is important. However, in real time 
processes such as telemedicine and online diagnosis systems 
which need hardware implementation, simplicity of 
compression algorithm plays an important role. It can 
accelerate computation process. But for high value images 
such as medical images where loss of critical information is 
not acceptable, lossless compression is preferred.  

Lossless algorithms are especially important for systems 
transmitting and archiving medical data, because lossy 
compression of medical images used for diagnostic purposes 
is, in many countries, forbidden by law. Furthermore, we have 
to use lossless image compression when we are unsure 
whether discarding information contained in the image is 
acceptable or not. Some systems such as medical CT scanner 
systems require rapid access to large sets of images that are 
further processed, analyzed, or just displayed. In such a 
system, the images or volume slices are stored in the memory 
since mass storage often turns out to be too slow. In this case 
a good lossless image compression algorithm could virtually 
increase the memory capacity allowing the processing of 

larger sets of data. 
Lossless JPEG, JPEG-LS and lossless version of JPEG2000 

are lossless methods introduced by JPEG committee and are 
widely used in the world [2]. We can add also the following 
methods for CT image compression: inter frame decorrelation 
based on hierarchical interpolation (HINT) [3], spatial active 
appearance model [4], and distributed representation of image 
sets based on Slepian-Wolf coding [5]. Lossless JPEG is 
about twenty years old standard and due to development and 
performance enhancement of digital medical imaging systems, 
no longer performs adequately enough for these kinds of 
systems. 

One of the most efficient methods for decorrelation and 
compression of groups of images is based on the KLT, also 
known as transform of Hotelling, or Principal Component 
Analysis (PCA) [6]. For its implementation the pixels with the 
same spatial position in a group of N images compose the 
corresponding N-dimensional vector. The basic difficulty of 
the KLT implementation is related to the large size of the 
covariance matrix. For the calculation of its eigenvectors is 
necessary to calculate the roots of a polynomial of nth degree 
(characteristic equation) and to solve a linear system of N 
equations. For large values of N, the computational 
complexity of the algorithm for calculation of the transform 
matrix is significantly increased.  

In this paper we propose a possible approache for reduction 
of the computational com-plexity of KLT for N-dimensional 
group of medical images based on the “Hierarchical Adaptive 
KLT” (HAKLT). Unlike the known hierarchical KLT 
(HKLT) presented in [7], this transform is not related to the 
image sub-blocks, but to the whole image from one group. For 
this, the HAKLT is implemented through dividing the image 
sequence into sub-groups of 3 images each, on which is 
applied Adaptive KLT (AKLT), of size 3 3. This transform 
is performed using equations, that are not based on iterative 
calculations, and as a result, they have lower computational 
complexity. To decorrelate the whole group of medical 
images is necessary to use АKLT of size 3 3, which to be 
applied in several consecutive stages (hierarchical levels), 
with rearranging of the obtained intermediate eigen images 
after each stage. In result we obtain a decorrelated group of 9 
eigen medical images.  

The paper is organized as follows. In Sections 2 and 3 we 
will introduce the principle for decorrelation of CT images 
group through HAKLT, the calculation of eigen images 
through АKLT with 3 3 matrix. Section 3 is devoted to the 
experimental results and comparison of the new method with 
JPEG using compression ratio and PSNR calculated on 
sequences of CT images. Finally, Section 4 gives our 
conclusion remarks. 

1Peter Ivanov, 2Agata Manolova, 3Roumen Kountchev are with the
Faculty of Telecommunications at Technical University of Sofia, 8
Kl. Ohridski Blvd, Sofia 1000, Bulgaria, E-mail:
peter.n.ivanov@gmail.com, amanolova@tu-sofia.bg, rkountch@tu-
sofia.bg. 
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II. PRINCIPLE OF CT IMAGE SEQUENCE 
DECORRELATION USING HIERARCHICAL 

ADAPTIVE KLT 

The sequence of CT images is divided into Groups of 9 
images (GMI), for which we suppose that they are highly 
correlated. On the other hand, each GMI is further divided 
into 3 sub-groups. The algorithm for 2-levels HAKLT for one 
GMI is shown on Fig. 1. As it is easily seen there, on each 
sub-group of 3 images from the first hierarchical level of 
HAKLT we apply АKLT with matrix of size 3 3. In result 
are obtained 3 eigen images (colored in yellow, blue and 
green correspondingly). After that, the eigen images are 
rearranged so that the first sub-group of 3 eigen images 
comprises the first images from each group, the second group 
of 3 eigen images – the second images from each group, etc. 
For each GMI of 9 intermediate eigen images of the first 
hierarchical level we apply in similar way the next AKLT, 
with a 3 3 matrix, on each sub-group of 3 eigen values. In 
result are obtained 3 new eigen images (colored in yellow, 
blue, and green correspondingly) for the second hierarchical 
level. Then the eigen images are rearranged again so, that the 
first group of 3 eigen images contains the first images from 
each group before the rearrangement; the second group of 3 
eigen images - the second image before the rearrangement, 
etc. At the end of the process we obtain a decorrelated 
sequence of eigen images. Through inverse НАKLT the 
original sequence could be restored. 

 

 
 

Fig. 1. Algorithm for 2-levels Hierarchical Adaptive KLT for Group 
of 9 Medical Images 

 
 

III. CALCULATION OF EIGEN IMAGES THROUGH 
АKLT WITH 3 3 MATRIX 

For the calculation of eigen images through АKLT with 3 3 
matrix for GМI sub-group we use the approach for the 
representation of the 3D colour vector in the KLT space, 
given in [9]. From each sub-group of 3 medical images with S 
pixels each, shown on Fig. 2, are calculated the vectors 
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Fig. 2. Sub-group of 3 images from the GМI 
 
Each vector is then transformed into corresponding vectors 

t
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r
 through АPCA with the matrix [Φ ] of 

size 3 3. 
The covariance matrix [KC] of size 3×3 for vectors sC

r
 is 

calculated: 
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are defined in accordance with the relations:  
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 The eigen values 321 ,, λλλ  of the matrix [KC] are 

defined in accordance to the solution of the characteristic 
equation: 

,0||det 23 =+λ+λ+λ=λδ− cbak jiji   (6) 
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Since the matrix [KC] is symmetric, its eigen values are real 
numbers. For their calculation the equations of Cardano could 
be used: 
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The eigen vectors 321 ,, ΦΦΦ
rrr

 of the covariance matrix [KC] 
are the solution of the system of equations: 
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The solution of the system of Eq. (9) is used to calculate 
components of mth eigenvector ,],,[ 321

t
mmmm ΦΦΦ=Φ

r
 

which corresponds to the eigen value mλ . The direct АKLT 

for vectors t
ssss CCCC ],,[ 321=

r
, from which are obtained 

vectors t
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r
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The components of vectors t
ssss LLLL ],,[ 321=

r
 could be 

processed in various ways (such as orthogonal transforms, 
quantization, decimation and interpolation, etc.).  
In result are obtained the corresponding vectors 

t
ssss

q
s LLLLL )](,)(,)([)( 332211 ψψψ=ψ=

rr
 with components 
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(.) ,(.) ,(.) 321 ψψψ  are the functions of the used transform. For 

the restoration of vectors t
ssss CCCC ]ˆ,ˆ,ˆ[ˆ

321=
r

 through 
inverse AKLT we needed not only the vectors 

t
ssss LLLL ]ˆ,ˆ,ˆ[ˆ

321=
r

, but also the elements Φij of the matrix 

][Φ , and the values of 321 ,, CCC  as well. The total number 
of these elements could be reduced representing the matrix 

][Φ  as the product of matrices )]([ 1 αΦ , )]([ 1 βΦ , )]([ 1 γΦ  with 
rotation around coordinate axes for each transformed vector in 
Euler angles α, β and γ correspondingly: 
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Then, for the calculation of the elements of the inverse 
matrix 1][ −Φ  is enough to know the values of the 3 rotation 
angles α, β and γ. In result, the number of the needed values 
for the calculation of the matrix 1][ −Φ  is reduced from 9 
down to 3, i.e. 3 times reduction. 

IV. EXPERIMENTAL RESULTS 

On the basis of the 2-level HAKLT algorithm, we have 
experimented with sequences of CT images with size 
512 512 pixels, 8 bpp. The sequence was divided into sets, 
each containing 9 consecutive CT images. Set 3 is illustrated 
on Fig. 3.  

 The results represented on Fig. 4 a) and b) show that 
the main part of the energy of all 9 images is concentrated in 
the first eigen image, and the energy of each next eigen image 
decreases quickly. On these figures the power distribution of 
pixels of eigen images from Set 3 is given after first level of 
HAKLT, before and after their rearrangement in 
correspondence to Fig. 1. 

 

 
Fig. 3. Group of 9 consecutive CT images in Set 3. 

 
We can conclude that for all the 7 sets of 9 images in GMI, 

95,7 % of the total mean power is concentrated in the first 3 
eigen images of each set. The mean power of the first eigen 
image for all sets is more than 250 times larger than that of 
each of the next 8 eigen images. The values for pixels of the 
еigen images, obtained in result of the direct 2-level HAKLT, 
were calculated with full accuracy, and after corresponding 
rounding could be transformed into 8-bit numbers. 
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a) 

 

 
b) 

Fig. 4. Power distribution for Set 3, level 1: a) - not arranged, b) - 
arranged. 

 
Then, if on the 8 bpp еigen images is applied the inverse 2-

level HAKLT, the quality of corresponding restored images in 
GMI, evaluated by their peak signal-to-noise ratio (PSNR), is 
≥ 45 dB. Hence, the sequence of 9 images could be restored 
with retained visual quality. This result illustrates the ability 
for efficient compression of a sequence of CT images, when 
HAKLT is used. 

The experimental results were obtained with the software 
implementation of HAKLT, in Visual C. 

To be able to compare the represented approach with the 
standard JPEG we combine the HAKLT with Burrows-
Wheeler transformation (BWT) [9] and entropy encoding. The 
results represented in fig. 5 and 6 show that the proposed 
algorithm for lossless data compression demonstrates higher 
accuracy than the JPEG and retain fully quality of the restored 
images. The mean compression ratio for all 7 sets of CT 
images for the HAKLT BWT+RLE+AC Coder is 1.74 
compared to the compression ratio of 1.69 for JPEG, the mean 
Quality PSNR for HAKLT is 46.21 dB and for JPEG is 54.67 
dB. 

V. CONCLUSION 

The computational complexity of the 2-level HAKLT 
algorithm compared with that of the KLT algorithm, is at least 
1,7 times smaller than KLT algorithm for each value of Р 
pixels (in average, about 2 times). The basic qualities of the 
offered HAKLT for processing a group of sequential medical 
images are: 

• Lower computational complexity than KLT for the 
whole GMI, due to the lower complexity of AKLT; 

• Ability for efficient lossless compression of GMI 
with retained visual quality of the restored images; 

There is also a possibility for further development of the 
HAKLT algorithm, through compression of video sequences 
from stationary TV camera; sequences of multispectral and 
multi-view images, etc. 
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Comparison of Open Source Cloud Platforms 
Aleksandar Donevski1, Sasko Ristov2 and Marjan Gusev3 

Abstract – Cloud computing tends to be the next generation in 
ICT hosting platform. Customers can choose between many 
commercial and open source cloud platforms that exist on the 
market today. We installed and observed all of the possible 
features/configurations of one of the most common open source 
cloud platforms on the market today, i.e. the OpenStack, 
Eucalyptus, and OpenNebula. In this paper we present a 
methodology and evaluation of their capabilities. 

 
Keywords – Cloud Computing, Open Source, Virtualization 

I. INTRODUCTION 

In this paper we focus on the open source IaaS cloud 
platforms, i.e. the OpenStack [1], Eucalyptus [2], and 
OpenNebula [3] cloud platforms. These cloud platforms are 
made mainly for building private and hybrid clouds. Also, all 
of them are compatible with most Amazon Web Services 
(AWS) [4] and are made to be deployed on custom IT 
infrastructures.  

We deployed the newest versions of Eucalyptus (v3.2.2), 
OpenStack (release:Grizzly), and OpenNebula (v3.8.3) cloud 
platforms on three, one, and one physical server, respectively. 
All of the five physical servers are installed with the Ubuntu 
Server 12.04 LTS [5] (kernel version: 3.2.0-23) operating 
system and KVM [6] hypervisor for virtualization. All of the 
installed cloud platforms are observed in details from features 
to all different possible configurations (custom and generic) 
and the opportunities for interactions with other systems. 

The paper is organized in the following sections. Section 2 
briefly describes the open source IaaS cloud platforms, i.e. 
their most common features, while the next 3 sections briefly 
describes the software architecture, their components, features 
and latest improvements of the Eucalyptus, OpenStack, and 
OpenNebula cloud platforms. The comparison of the cloud 
platforms is performed in Section 6. And finally, the Section 7 
presents the conclusion and the future work. 

II. OPEN SOURCE IAAS CLOUD PLATFORMS 

In this section we briefly describe the most common 
features of most of the open source IaaS cloud platforms that 
are available on the market today. Although there are many 
open source IaaS cloud platforms on the market today, all of 

them offer same features such as: 
Custom Deployment and Allocation of Virtualized 

Hardware Resources, Managed of Virtual LANs, IP 
Addresses, Security Groups, Storage, Virtual Machines 
Images and Instances, Cloud Users, and Dashboard. 

III. OPENSTACK CLOUD PLATFORM 

The OpenStack Cloud is founded by Rackspace Hosting 
and NASA with the main goal of creating a massively 
scalable open source cloud and today this project is supported 
by more than 150 organizations.  

In this section we briefly describe the architecture of the 
latest release “Grizzly” of the OpenStack Cloud, focusing on 
the OpenStack components and latest features. 

A. Components of the OpenStack Cloud Platform 

Figure 1 depicts the architecture of the OpenStack Cloud. 
The OpenStack Cloud consists of the following components: 

OpenStack Compute is the main core component of the 
OpenStack Cloud with the main purpose of managing of large 
numbers of virtual machine instances in the cloud. This 
component can interact with most of the common hypervisors 
on the market today, such as KVM, VMware [7], Xen [8], 
LXC [9], Hyper-V [10], UML [11] and etc. The main features 
of this component are: custom allocation of hardware 
resources on the available compute nodes in the cloud, 
management of virtual machine images and running virtual 
machine instances, VNC proxy, allocation of VLANs and IPs 
and etc. 

OpenStack Storage is a component which consists of two 
types of storages such as: 

Block Storage - this system manages the volumes (block 
devices) in the OpenStack Cloud. With the usage of this 
system, the cloud users can create volumes with custom size 
for their needs, attach and detach volumes on their running 
virtual machine instances in the cloud, and a feature for 
creation and deletion snapshots from volumes. This system 
offers a powerfull mechanism for backup of users data. 

Object Storage - this distributed system which is made to 
prevent failures (fault tolerance) is used for storing and 
fetching data such as virtual machines images, archives, 
backups, users data and etc. Also, this component replicates 
its stored data to other available nodes in the cloud. 
OpenStack Networking is a component which is made to 

manage the networks and IP addresses over the datacenter.  
The main features of this component are: elastic data scaling 
unlike RAID sizing, distributed database unlike central 
database which is sometimes a bottleneck, 3x data replication, 
data redundancy, creation of custom sized volumes, deletion 
of volumes, making snapshots of volumes. It is fully 
integrated with OpenStack Compute component.  
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OpenStack Dashboard is a component which is made to 
manage and observe the whole cloud through a web page. 
This component is a high level abstraction of all components 
of the OpenStack Cloud which allows an option for limiting 
the use of hardware resources by administrators. 

OpenStack Shared Services is a component which consists 
of two types of services such as: 

Image Service is a service that allows manipulation 
(storing, fetching, and listing) with virtual machine images 
in the cloud. This service acts as a central catalog of virtual 
machine images in the cloud. It supports the following 
formats of virtual machine images: RAW, AMI, VHD, 
VDI, QCOW2, VMDK, and OVF. 

Identity Service is a service which is a central point for 
authentication in the whole cloud. This component maps the 
existing users with the existing components that they can 
use in the OpenStack Cloud. Also, this component supports 
different forms of authentication such as token-based, 
AWS-style and standard (username-password) 
authentication. The users can get (programmatically/via 
Web) the list of components that they can use, while the 
administrators can integrate existing LDAP and configure 
the policies and permissions with the RBAC feature. 

 

 

Figure 1. Architecture of the OpenStack Cloud Platform [18] 

IV. EUCALYPTUS CLOUD PLATFORM 

The Eucalyptus Cloud started as a research project at the 
University of California (Santa Barbara) in the department of 
Computer Science. Today, the Eucalyptus Cloud which is 
supported by Eucalyptus Systems is one of the best open 
source clouds that are available on the market today. NASA, 
Nist, US Department of Defense, Sony, Electronic Arts and 
many more world-wide organizations are customers of this 
cloud.  

In this section we briefly describe the architecture of the 
latest release “3.2.2” of the Eucalyptus Cloud, focusing on the 
Eucalyptus components and latest features. 

 
 

A. Components of the Eucalyptus Cloud Platform 

Figure 2 depicts the architecture of the Eucalyptus Cloud. 
The Eucalyptus Cloud consists of six components (one 
optional component) which are separated in three logical 
layers: 

Cloud Layer which consists of the Cloud Controller (CLC) 
and Walrus components.  

Cluster Layer which consists of the Cluster Controller 
(CC), Storage Controller (SC) and VMware Broker 
components. The VMware Broker is an optional component. 

Node Layer which consists of the Node Controller (NC) 
component. 

Cloud Controller is a program written in Java, which acts as 
a demarcation point between the existing cloud and 
appropriate cloud users. This component offers a web-based 
administrative interface for management of the whole cloud, 
i.e. administrators, developers and users interacts with the 
cloud through this web interface. This component queries the 
existing available CCs in the cloud (the managers of the NCs) 
for available hardware resources, performs high-level 
scheduling operations and makes request to specific CCs in 
the cloud. This component manages the virtualized hardware 
resources and offers EC2-compatible SOAP and Query 
interfaces. There is no direct communication between the NCs 
and CLC in the cloud, i.e. the communication goes through 
the appropriate CCs. 

Walrus is a program written in Java, which offers persistent 
storage to all of the virtual machines in the cloud. This 
component did not have data type restrictions, i.e. it can 
contains virtual machine images, cloud users data, snapshots 
of volumes, application data and etc. This component is 
equivalent to AWS S3 public service. 

Cluster Controller is a program written in C, which 
manages the execution of virtual machine instances on 
specific NCs in its own cluster and networking of virtual 
machine instances. This component must have network 
connectivity to the CLC and appropriate NCs. 

Storage Controller is a program written in Java, which 
offers block-accessed network storage and manages the virtual 
machines volumes and snapshots from volumes in the cloud. 
This component participates only in one cluster in the cloud. 
This component is equivalent to AWS EBS public service. 

Node Controller is a program written in C, which hosts the 
virtual machine instances in the cloud. This component also 
manages the networks of virtual machine instances, allows 
caching of virtual machine images (download from Walrus) 
for better performances and interacts with the installed 
hypervisor and host OS. 

VMware Broker is a component which allows iteractions 
between the CC and existing ESX/ESXi hosts or vCenter 
server. This component converts existing EMIs (Eucalyptus 
Machine Images) to VMware virtual disks. There is no need 
for NCs, when we want VMware environment, because 
VMware Broker acts as a bridge between the CC and 
VMware hosts. 
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Figure 2. Architecture of the Eucalyptus Cloud Platform [19] 

V. OPENNEBULA CLOUD PLATFORM 

The OpenNebula Cloud started as a research project back in 
2005 and today is managed by C12G Labs. The OpenNebula 
Cloud platform is developed to be most-advanced, highly-
scalable and IT infrastructure independent cloud solution for 
building and managing virtualized data centers and IaaS 
clouds.  

In this section we briefly describe the architecture of the 
latest release “3.8.3” of the OpenNebula Cloud, focusing on 
the OpenNebula components and latest features. 

A. Components of the OpenNebula Cloud Platform 

Figure 3 depicts the architecture of the OpenNebula Cloud. 
The OpenNebula Cloud consists of the following nine 
components: 

Front-end is a component which runs all of the OpenNebula 
services. 

Host is a component which runs on a server with installed 
hypervisor. This component interacts with the hypervisor, 
hosts virtual machine instances and manages the networks of 
the virtual machine instances in the cloud. This hosts must 
have network connectivity to the Front-end. The OpenNebula 
can work with heteregenous environments, i.e. hosts in the 
cloud can have different operating systems or different 
hypervisors. 

Cluster is a component which acts as a pool of hosts that 
share the same datastores and networks. With the forming of a 
clusters of hosts, performances such as load-balancing, high-
availability and high-performance computing can be reached. 

Image Repository is a component which acts as a repository 
of registered virtual machine images in the cloud. The 
OpenNebula Cloud can use multiple types of datastores for 
storing the virtual machine images and uses a dedicated 
datastore for the storing the virtual machine images of the 
running virtual machine instances. 

Sunstone is a component which acts as a web-administrative 
interface for the OpenNebula Cloud. With the use of this 
administrative interface, the whole cloud can be managed and 
also observed. This interface also supports the RBAC 
principle. 

OCCI Service, Self-Service, EC2-Service are components 
which enable management of the OpenNebula Cloud with 
different interfaces, i.e. management from OCCI Interface, 
end-user interface, EC2 interface, respectively. 

OCA is a component which eases the communication with 
the management interface XML-RPC. 

 

 

Figure 3. Architecture of the OpenNebula Cloud Platform [20] 

VI. COMPARISON OF THE CLOUD PLATFORMS 

In this section we briefly describe the results of the 
performed comparison of the observed cloud platforms. Table 
1 clearly shows the differences between newest versions of 
the observed open source cloud platforms. 
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Table 1. Comparison between the Cloud Platforms 

VII. CONCLUSION AND FUTURE WORK 

We performed an evaluation of the three most common 
open source cloud platforms that are in use today, i.e. the 
newest versions of the OpenStack, Eucalyptus, and 
OpenNebula cloud platforms. 

From the results of the performed evaluation, we can 
conclude that OpenStack cloud platform offers much more 
features than other two cloud platforms. Also, the OpenStack 
cloud platform offers much more compatibility with external 
systems and services which make this cloud platform a better 
IaaS cloud platform than both OpenNebula and Eucalyptus. 
We can conclude that the Eucalyptus cloud platform offers 
less features compared to the other two cloud platforms. 

We will continue our work in evaluating other popular open 
source cloud platforms with different methodologies. 
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Interactive Environment for Solving Multiple Objective 
Programming Problems GENS-IM 

Leonid Kirilov1, Krasimira Genova1, Vassil Guliashki1 and Peter Zhivkov2 

Abstract – The Generalized Scalarazing Interactive Method 
GENS-IM unifies a number of fifteen available particular 
interactive methods designed to solve multiple objective 
programming problems. The scalarizing problem of each method 
can be derived by setting appropriate values to the parameters of 
the GENS-IM. The method is implemented in an user-friendly 
environment. The Decision Maker (DM) can enter/edit his/her 
multiobjective problems and he/she can use in interactive mode 
several scalarizing methods in one solution process. The choice of 
a method is organized in an implicit way on the base of DM's 
preferences.  
 

Keywords – Multiple Objectives, Optimization, Software 
 

I. INTRODUCTION 

In many practical problems the decision making is based on 
more than one objective. Unfortunately these objectives are 
conflicting in nature, i.e. there does not exist a solution 
optimizing all the objectives simultaneously. The Decision 
Maker (DM) must make a decision by compromise among a 
set of equally good solutions.  

We consider the following formulation of multiple 
objective optimization problem: 

       min  {f1(x), ..., fk(x)}            (1) 
subject to:   gi(x) ≤ 0;    i = 1,…,m;                         (2) 

       x ∈ Rn,            (3) 
where x is an n-dimensional vector of variables xj, j = 1,…,n 
which accept continuous and/or discrete values. The objective 
functions fi(x), i = 1,...,k are convex. The constraint functions 
gi(x), i = 1,…,m are  also convex.   

The solutions of problem (1) - (3) are the so called Pareto 
optimal solutions [1, 2]: 

Definition A solution x(1) is said to be Pareto optimal if 
and only if there does not exist another solution  x(2) such that  
fj(x(2)) ≤ fj(x(1)) for j = 1,...,k and strict inequality holds for at 
least one index.    

The aim of methods for solving Multiple Objective 
Programming Problems (MOPPs) is to assist the DM to 
choose one compromise Pareto optimal solution which 
satisfies to the greatest extent his preferences related to the 
values of each of the criteria. Different approaches and 
methods are suggested in literature  [1-4]. They differ in the 
way the DM sets his/her preferences and in the way they scan 
the set of Pareto solutions. One of the most developed and 

widespread methods for solving MOPPs are the interactive 
methods [28]. This is due to their basic advantages – a small 
part of the Pareto optimal solutions is generated and evaluated 
by the DM; in the process of solving the multicriteria 
problem, the DM is able to learn regarding the problem; the 
DM can change his/her preferences in the process of problem 
solution.  

The choice of MCDM method is not trivial and depends on 
a number of factors such that the type of solved problem, the 
DM preferences, on the logic of the solution process. 
Sometimes it is desirable to change the strategies for solving. 
In other words to solve the problem with other method(s). 
Therefore it is convenient to create platforms allowing that.  
One approach is to create generalized methods unifying 
several different methods - [24,25, 18]. Development of 
software environments based on such generalized 
formulations can be very useful for real decision processes.  

An interactive environment developed on the base of 
generalized interactive method GENS-IM is presented in the 
paper.   

 

II. THE GENERALIZED METHOD GENS-IM 

The scalarising problem GENS [26] unifies the following 
scalarising problems: scalarising problem of weighted sum 
[1], Tchebycheff scalarising problem [13], scalarising 
problem of ε - constraints [19], scalarising problem of STEM 
(STEP method) [12], scalarising problem of STOM 
(Satisfying Trade-Off Method) [14], scalarising problem of 
GUESS method [15], achievement scalarising problem 
(Reference Point method) [4, 16], scalarising problem MRP 
(Modified Reference Point) [29], VIG  scalarising problem 
[6,7], scalarising problem of reference directions RD [8, 27], 
RD2 scalarising problem [9], NIMBUS scalarising problem 
[20], DALDI scalarising problem [21,22]. 
   We add also NRNP - new reference-neighborhood 
scalarising problem [23]. 

 
The generalized scalarizing problem GENS is defined as: 
Minimize T(x) 
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subject to: 
=> ∪∈≥ KKk,f)x(f kk             (5) 

≤∈−≥ Kk,Df)x(f kkk             (6) 
><− ∈−≥ Kk,tf)x(f kkk             (7) 

><+ ∈+≤ Kk,tf)x(f kkk             (8) 
Xx ∈               (9) 

where  
 ρ is a small positive number; 
  K  is the set of objectives' indices; 
  54321

kkkkk G,G,G,G,G  are scalarizing coefficients; 

  
54321

kkkkk F,F,F,F,F  are parameters, concerning 
aspiration, current or other levels of objectives' values;  
  321 R,R,R  ∈ {"+", " , "} 

  кD  is the amount by which the DM agrees to 

deteriorate the objective value kf  (0< кD <∞ ); 

  kf  - the current objective value of Kk),x(fk ∈ ; 

  ≥K  is the set of objectives indices for which the DM 
wants to improve the corresponding objective values till to 
the given aspiration levels 1

kF ; 

  >K  is the set of objective indices for which the DM 
wants to improve the corresponding objective values; 
  ≤K  is the set of objective indices for which the DM 
agrees to deteriorate the corresponding objective values till 
to the given aspiration levels 2

kF , i.e. 2
kF kк Df −≥ ; 

  <K  is the set of objective indices for which the DM 
agrees to deteriorate the corresponding objective values; 
  =K  is the set of objective indices for which the DM 
wants their current values not to be deteriorated; 
  ><K  is the set of objective indices for which the DM 
wants to change the corresponding objective values in 
some intervals; 
  −

kt  and +
kt  are the lower and upper bounds for the 

objective values of the objective )x(fk  with index 
><∈ Kk ; 

  0K  is the set of objective indices for which the DM 
does not set explicitly aspirations to change the 
corresponding objective values. 

Here we assume that ≥K ≠ Ø and/or >K ≠ Ø and 
KK ≠0 without loss of generality.  

 
By setting appropriate values to the parameters of GENS 

we generate the scalarizing problem of the one of the above 
mentioned methods.  

III. THE INTERACTIVE ENVIRONMENT 

The interactive environment GENS-IM consists of the 
following main parts: interface module, parser module and 
solver module. 

The interface module realizes the communication with the  
DM in the solution process.  

The parser module is used to analyze the input data 
according to the developed extension of LP format in multiple 
objectives’ case. LP file format is the native LPsolve format 
for providing LP models via an ASCII file to the solver.  

The problem is solved with solver module. The generalized 
scalarizing method GENS-IM is realized in the solver.   

Via interface module the DM enters the problem solved or 
edits it later – see Fig. 1. Input data format is very similar to 
the mathematical notation.   

Also the DM sets information about the type of desired 
solution – integer or continuous, weak or strong Pareto 
optimal.  

The interface module organizes also the communication 
with the DM to set his/her preferences in the most convenient 
and understandable form for him/her. He/she can choose 
among a set of four possible types of preferences: criteria 
weights, optimize one object vs. rest of others, reference 
points in the objective space, number of solution along a 
specified direction and classification of the objectives. 

The initial solution could be generated authomatically or 
the DM sets the desirable objective values. The DM could set 
also the assessment of the relative importance of objectives or 
for the desired changes of their values.  

After analysis of entered information a set of scalarizing 
problems is suggested for generating the next (weak) Pareto 
optimal solution (single or a defined number in advance). If 
the DM is not an expert in the area of multiobjective 
optimization, he/she can find the solution(s) by the help of the 
automatically suggested scalarizing problem. Usually this is 
the most popular scalarizing rpoblem from the corresponding 
group. For example, if the DM has chosen to work with 
aspiration levels (reference point) he/she is suggested a set of 
the following scalarizing problems: Chebyshev's, STEM, 
STOM, GESS, Wierzbicki's, MRP. In this case the DM is 
offered by default a scalarizing problem of Wierzbicki's 
method.  

 
The DM can save the chosen solution and to use it later as 

an initial solution for new problem solving with another type 
of preferences or new of the same type. When solving integer 
problems with high dimensionality the DM can start seraching 
with continuous variables while exploring the possibilities of 
the problem until obtaining satisfactory objective values. 
After that, the closest feasible integer solution can be found or 
to start a new search with integer variables.   
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Fig. 1. The interface of the interactive environment 
 
 
The input data and generated solutions are stored at each 

iteration in a XML file.  
This interactive environment is written on Dot.Net. It works 

under Windows environment. At present it is designed to 
solve linear integer or continuous MOPPs.  

 

IV. CONCLUSION  

   The software environment GENS-IM is designed for users 
with different levels of knowledge in the area of multiple 
objective optimization. It has user friendly interface. The 
system can be used for research studies, educational training, 
practical implementations. 
   The DM can model, solve and study the properties of the 
problem. He/she has the possibility to use the history of the 
problem' solutions and this way being more confident in the 
final choice. The built in method GENS-IM enables switching 
between different methods, using different types of 
preferences.  
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Managing Risk In Transmission System With 
Implemented Service Oriented Arhitecture     

Nevenka Kiteva Rogleva1, Vladimir Trajkovik2, Vangel Fustik1,  
Atanas Iliev1, Dimitar Dimitrov1 

Abstract –The purpose of the paper is to analyze power system 
disruptions, high voltage (HV) equipment condition and to 
provide a methodology for their interception and risk reduction. 
Risk management in energy companies refers to the analysis, 
identification and quantification of risk events. Web services and 
Service Oriented Architecture (SOA) are used for system 
planning and analysing. Risk planning and identification phase 
includes database design for defined risks, reasons for their 
occurrence and consequences of the emergence and proposing 
responses to address the risks in the energy sector. 
 

Keywords – Risk management, risk assessment, transmission 
power system, web services, SOA  
 

I. INTRODUCTION 

The introduction of ICT and risk management is a 
particular challenge in the process of energy development. 
Power system is a complex technological system, composed 
of a number of components that are subject to uncertainties 
and disruptions during their lifetime.  

Risk Management and assessment, in energy companies, 
are increasingly used to provide conditions for safe and 
reliable operation, improve the quality of delivery of electrical 
energy, to reduce the number of outages and cost of failure 
removing, to invest in new equipment and to protect the 
environment (Brown and Humphrey, 2005) and to ensure 
greater reliability of the energy system (Bilinton, 2001; 
Schilling 2009). (Sand, 2007). 

According to Sand and Hughes (2005), and Hamond [2007] 
most of the risks in power system, are immeasurable, and the 
effects on the performance of the company overlap and are 
difficult to distinguish. Therefore in its research in 2009, 
Hughes suggested: if the effects of risks overlap, for example 
effects of construction on safety and security, environment 
and finance, then more identified risks can be merged into one 
type of risk - economic risk [8,9]. 

The starting point in the most of the purposed risk analysis 
for power system is the perception and identification of risk 
and its acceptance. The perception of risk means to identify 
risk category based on its characteristics and the frequency of 
its occurrence. Aspects that influence the perception of risk 

(Starr, 1996; Slovic, 1998): uncertainty, voluntary, familiarity 
with the problem / process, effects on humans and the 
environment, vulnerabilities, media attention and so on. 

II. USING SOA FOR RISK PLANNING AND 
ANALYSING  

Service Oriented Architecture (SOA), form of distributed 
system architecture, is a complex software application or set 
of interrelated and interdependent blocks - services. Service 
combination creates new applications, offers global network 
of web services, which will allow construction of a flexible 
and uniform information system. Application of SOA leads to 
a reduction in the number of interfaces required to implement 
the demand functions, simplified interoperability and 
deployment of institutions that use the services of the 
information system. The application is used not only within 
the company but also from the outside users, which need some 
of the company service [13].  

SOA is mostly built using standard web services that are 
available in industry and commerce. These standards provide 
greater interoperability and proper care of the "closed" 
software, specific manufacturers.  

For the purpose of risk assessment basic three components 
SOA model with: service provider, service broker and service 
consumer is used. Service provider, person or company, 
provides appropriate agent to implement a service. The agent 
is nothing but a piece of software or hardware that sends and 
receives messages, and service is a resource of abstract set of 
functionalities that are provided with web service requests.  

Service requester is a person or company that wants to use 
the services offered by the web provider. For successful 
communication: 

• service requester also has to use an agent, who 
usually sends the initial message to the service 
provider and 

• the format of the message and the principle of 
exchanging information through appropriate 
specification has to be defined. 

 
To exchange messages between services, WSDL-Web 

Service Description Language, XML (Extensible Markup 
Language) and SOAP (Simple Object Access Protocol) are 
used. 

A. Model-View-Controller 

For the paper purpose, a model of information system is 
developed, consisting of user interface, web service and 

1Nevenka Kiteva Rogleva, Vangel Fustik, Atanas Iliev, Dimitar
Dimitrov are from the Faculty of Electrical Engineering and
Information Technologies, at University Ss.Ciril and Methodius,
Skopje, Macedonia, E-mail: nkiteva@feit.ukim.edu.mk,
vfustic@feit.ukim.edu.mk.   

2Vladimir Trajkovik is with the Faculty of Commuter Science and
Engineering, at University Ss.Ciril and Methodius, Skopje,
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database. The database consists of the basic parameters of 
high voltage equipment: Substation on 110, 220 and 400 kV-
level, buses, transmission lines and measuring equipment, 
relay protection and others.  
The application is created in Xcode 4.1 using the Model-
View-Controller-MVC. MVC is used, if necessary in the 
future, to add additional modules without disturbing the rest 
of the code. Model-view-controller (Figure 1) is a software 
architecture that consists of three parts: model, view and 
controller. 

 

Figure 1. Model-view-controller 

 
Model is the skeleton of the application and may consist of 

a building or structure of buildings. Its task is to encapsulate 
data that visually are displayed and edited on View. View acts 
as a filter with emphasis on application specific, and 
suppression of other attributes in the model. Since it is 
attached to the model, in whole or refers to a part of it, View 
can update the model by sending appropriate messages. 
Questions and messages sent have to be in the terminology of 
the model, and View needs to know the semantics of attributes 
that represent the model. Controller defines the logic of the 
first two parts of the application. In this way the separation of 
responsibilities can develop an application that would be easy 
to design, implement and maintain. MVC pattern means that 
Interface Builder does not require code to be written or 
generated as we focus exclusively on the layout of the 
application. 

B. Data base 

The application is developed in NetBeans IDE 7.3- open 
source, which provides reliable and flexible application 
architecture. Derby - open source generator databases (Java 
DB) is fully implemented and created in Java environment 
and ensures data integrity and transmission security. To 
develop database first entities are identified, its attributes and 
relationships between entities (Fig.2). Entity is an object or 
process that we want to store information for. In our case 
entity is one of the basic elements of the transmission system - 
substations of 110, 220 and 400kV-level, transmission 
overhead and cable lines, high voltage equipment: switches, 
disconnectors, instrument transformers, surge arresters, 

insulators and other accessories and possible errors that occur 
in equipment. A relationship captures how entities are related 
to one another. Entity or relationship has its own attributes - 
unique characters refer to the appropriate entity. 

 

Figure 2. Entity–relationship model (ER model) 

C. Users 

Possible scenarios of service users of the transmission system 
operator will depend on their requirements and granted 
privileges. Two kind of service users are defined in the 
application-administrator and outside users. Basic scenarios 
are identified according to the process planning, investment 
and development of the power system. Possible scenarios 
related to administrators and other users are: providing 
information from multiple departments within the company or 
sources of information related to the external environment; 
calling other scripts or iterative reference to one or more 
scenarios, coordinating the work of the department or 
supporting specific requirements of a particular institution. 

III. RISK AND RISK MANAGEMENT 

What is risk and what are the effects of the risk in power 
system?  

Usually risk can be defined as uncertain event or condition 
of the system, which if occur, may affect the project 
parameters - cost, time and quality (Kaplan, 1997). The term 
"event" can also be found in the literature of ISO Guide 73, 
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where the term is used to describe a particular cause of error, 
unintended damage or desired state of system, project or 
company. For system failures or uncertain events, in the 
terminology of the standard ISO / IEC 27005, is used the term 
"threat". According to the standard, the threat is not 
necessarily a reason to risk but only a definition or 
determination of the topology of possible risks [4,5].  

In the field of information systems term threat is replaced 
with vulnerability or vulnerability of the system. Vulnerability 
is a characteristic of information systems that are subject to 
certain threats or vulnerability can be seen as a lack or failure 
of the system in terms of safety and security, because of the 
influence of a threat or attack on the system. 

Risk causes in a project or system are known or unknown. 
Usually known risks can be identified and analyzed and then 
risk response and future directions are planned, for removing 
or reducing the consequences. The process of eliminating or 
preventing unknown risks is a little bit more complicated and 
only instruction for risk mitigation can be done [1]. 

How often risk events occur? The risk may occur only once 
or may have multiple events depending on project or system 
environment condition, lack of knowledge of the system, lack 
of experience in the field of risk management, the application 
of new technology in the process, identity theft, 
disorganization, accident, adverse weather conditions or 
natural disasters, etc.. 

What are the consequences? 
Even though we treat the risk like an unwanted event, 

failure, hazard or vulnerability not always the effect is 
negative. Risk consequences can lead to a positive outcome or 
chance with little inventiveness and diversion [6,7].  

Risk nature may be material or immaterial and can cause 
changes in the function of the component (power line, power 
transformer, bus, switch..) or system or the effects are impact 
on the management, the customers, the cost of repairing the 
failure equipment, the fact of the importance of the entity for 
the proper functioning of the process and so on [3]. 

IV. RISK RANKING  

Risk management process is performed on data from Derby 
database. SOA application has defined service for analizing 
and statistical evaluation of the historical data form the 
Transmission operator. This data contain information for 
planned and unplanned events in HV facilitates for two 
periods: 2004-2007 and 2010-2012. There is no available data 
for the period 2008- 2009 [11].  
 

 

Figure 3. Failure data for the HV equipment  

 
The number of register events in mention years, are 
concerning HV power transformers, current and voltage 
transformers, HV bus bars, power lines etc. Almost 400 
events are analyzed and evaluated (fig.3 and 4). Most of them 
are with duration from 200-1000 minutes, and around 100 
events have duration less than 20 minutes, but are ranked like 
events that have severity more than 5 times in year with minor 
effect.  

 

 
 
Figure 4. Cumulative frequency for the failure data 

TABLE I 
RISK SCORE FOR SPECIFIC EQUIPMENT FAILURE  

 
Equipment 

Number of 
Outage 

Risk score  
(0-3)  

Transformers 
400/110 40 1 

Transformers 
220/110 18 0 

Transformers 
110/x 70 2 

Circuit 
Breakers 80 2 

Disconnections 12 1 
Power lines 120 1 
Current and 
voltage TR 48 1 

Surge arrester 15 1 
Protection 
system 70 1 

Control system 20 1 
 

Risk ranking (Tabela 1) is performed on severity, occurrence 
and detection of failure events. Failures are classified in few 
groups, depending of the consequence and form risk matrix 
(fig.5). First group are not critical events, with high severity 
and short failure, the second group are events that cause 
interruption of the normal component functioning but are still 
not critical events for the system and the last group are events 
that have high impact on the system functioning and human 
safety but have small severity and occurrence [2].  
During the development of Risk management for the HV 
facility, the most critical is the interest of the stakeholder to 
assess and mitigate the risk. Stakeholders are all subjects (not 
only investors) that could be affected by the project and also 
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interested groups and associations. So, the technical risk 
assessment should be oriented towards the mission of the 
project, stakeholders and project parameters. Exploitation of 
the plant is already included in the project parameters time, 
costs and quality. 
 

V. CONCLUSION 

In small countries like Macedonia, Risk management is not 
risk treatment oriented. Short lasting failures are not taken for 
serious. If failure occurs in system or component, maintain 
action is performed, maybe new equipment is installed but  
the costs are covered by insurance company. That is way this 
kind of failures are not so important for system planning. 
Usually, system planning and analyzing are based only on N-1 
criteria, maintaining voltage and frequency level and long 
power supply interruptions. Risk matrix is very helpful tool in 
planning the new HV facility and also concurrent projects in a 
power system.  
The aim of this paper is to identify relevant sources of risk 
and to pinpoint undesired events that might origin from these 
sources. Input to this can be: 

• Expert knowledge, 
• Results from inspections, 
• Data from databases, 
• Results from previous analyses. 

Experience shows that only limited information can be found 
in statistical databases related to the analysis of intangible 
risks (due to the fact that the information simply does not 
exist), and previous analyses are also few in numbers. Expert 
judgment and results from inspections will hence often be the 
best available sources for identifying undesired events. 
That is the reason why the project companies should start 
immediately with a standardized database convenient for risk 
mitigation and risk response planning. Furthermore, such 
documentation as it is Risk register should be encouraged by 
the legal policies and public associations dealing with the 
business in power engineering environment.   
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Scheduling Disciplines for Internet Applications 
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Abstract— This paper presents performance analysis of 
different queuing scheduling disciplines for Internet 
applications and services using Optimized Network 
Engineering Tool (OPNET). Mainly, we focus on various 
queuing scheduling disciplines including Modified Weighted 
Round Robin (MWRR), First in-First out (FIFO), Priority 
Queuing (PQ), and Weighted Fair Queuing (WFQ). This  
modeling and simulation are based on the effects of these 
queuing scheduling disciplines on packet delivery for three 
next generation Internet streaming applications: File Transfer 
Protocol (FTP), Video-conferencing, and Voice over Internet 
Protocol (VoIP). 
 

Keywords— MWRR; FIFO; PQ; WFQ; VoIP; FTP; video-
conferencing, OPNET   

I. INTRODUCTION  
Internet users around the world depend on various 

computer networks services such as Video-conferencing, 
FTP, and VoIP as a next generation Internet applications. 
Queuing is becoming an important role in traffic 
management for these services due to the fact that each 
router in the packet network must implement different 
queuing scheduling disciplines that govern how packets are 
buffered while waiting to be transmitted. Various queuing 
scheduling disciplines can be used to control which packets 
get transmitted or dropped. Also, Quality of Service (QoS) 
plays an essential role for computer communication systems 
to be reliable. Indeed, to deliver QoS, different scheduling 
techniques require differentiating among different type of 
packets in the queue and should know the service class for 
each packet in the network.  The modeling in this network 
which carries applications (FTP, Video-conferencing, and 
VoIP) is investigated by understanding the queuing 
scheduling discipline in the network which can affect the 
performance of these applications. 

The major issues in a network are related to the allocation 
of network resources, as buffers and link bandwidth to 
different users. The performance of traffic flow over Local 
Area Networks (LAN) utilizing buffers to avoid any 
irrelevant traffic that clusters the network using sniffer pro 
has been demonstrated in [1]. The different types of queuing 
mechanisms that determine configuration in network have 
been compared in [2-7]. However, the comparison between 
single queues with a combination of two queues technique 
has been investigated for the same network in [8]. The 
received traffic and dropped traffic between two users or 
nodes for different services like FTP, Video, and VoIP are 
analyzed in [9]. In fact, the traffic dropped and received in 
three different networks by considering one Type of Service 
(ToS) is analyzed in [10]. 

 
 
 
 

This is a simulation study using OPNET for the network 
performance analysis. OPNET software provides a 
comprehensive environment for the specifications, 
simulation, and performance analysis of computer 
communication networks.  We investigate how the choice of 
the queuing scheduling discipline in the routers of the 
network can affect the performance of the stream 
applications and the utilization of the network resources. 
The parameters we consider for evaluation are packet end-
to-end delay (sec), packet delay variation, traffic dropped 
(packets/sec), and traffic received (bytes/sec). 

 

II.  QUEUING SCHEDULING DISCIPLINES 
Without doubt queue scheduling disciplines play an 

important role in the networks performance due to the fact 
that they are the solution to the fair share of the available 
resources of the network.  In this section we give a basic 
overview of the queue scheduling disciplines used in this 
research to support QoS for next generation IP networks. 

 

A. First in-First out (FIFO) 
FIFO queuing discipline places all packets it receives in 

one queue and transmits them as bandwidth becomes 
available. All packets arriving from different flows are 
treated accordingly to their arriving order and all are being 
placed in the same queue.  This means first packet that 
arrives at the router is the first packet to be transmitted. 
Although, the amount of buffer space (queue) at each router 
is finite, if the packet arrives and the queue is full, then the 
router drops that packet. This is can be done without regard 
to which flow the packet belongs to or how essential the 
packet is.  

 

B. Priority Queuing (PQ) 
PQ discipline classifies all packets by the system and then 

places the packets into different priority queue.  Packets are 
supported by multiple queues usually from high to low. 
Queues are processed in strict order of queue priority. Thus 
a high priority queue is processed earlier than the lower 
priority queue. Packets in the high priority queue is 
processed until the queue is empty, then packets in the low 
priority queue are transmitted. PQ has four traffic priorities: 
high, normal, medium, and low.  

 

C. Weighted Fair Queuing (WFQ) 
WFQ discipline classifies packets by queue. WFQ uses 

multiple queues to separate flows and gives the flows equal 
amounts of bandwidth. This prevents the FTP from 
consuming all available bandwidth. WFQ allows a weight to 
be assigned to each queue. The weight controls the 
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percentage of the link’s bandwidth each queue will get. 
WFQ discipline sorts packets in weighted order of arrival of 
the last bit, to determine the transmission order. (ToS) bits 
could be used in the IP header to identify that weight.  WFQ 
is aware of packet sizes and can support variable sized 
packets, so that flows with large packets are not allocated 
more bandwidth than the queues with smaller packets.  

 

D. Modified Weighted Round Robin (MWRR) 
MWRR queuing discipline allows a weight to be assigned 

to each queue. The queue with higher weight takes the 
priority to get process first. It uses variable-sized packets 
and a deficient counter variable to initialize each flow’s 
weight. A packet is scheduled if the deficient counter is 
greater than zero. The processed number of packets in 
MWRR is equal to the normalized weight over the mean 
packet size. MWRR queuing discipline serves packets at the 
head of every non-empty queue whose modified counter is 
greater than the size of the packet at the head of the queue.   

 

III. RESULTS AND DISCUSSION 
In this simulation model, we have used OPNET software to 
build a small IP network and then to exam the effect of 
different queuing scheduling disciplines with different kind 
streaming applications: FTP, Video, and VoIP, on packet 
delivery and delay on the network.  The network topology 
of the model is designed from three LANs as shown in Fig. 
1. We apply FIFO to the link between West Router and East 
Router, PQ and WPQ to the link between West Router and 
South Router, and MWRR to the link between South Router 
and East Router 

. The bottleneck has been created in the link between the 
three routers. The simulation network model is used to 
collect statistics to do the performance analysis based on IP 
protocol (traffic dropped in packets/sec), Video 
conferencing (traffic received in packets/sec), and Voice 
(traffic received in bytes/sec). 

 
 

 
Fig. 1. The network topology of the model 

 
Different queuing scheduling disciplines in the routers 

for the IP network can affect the performance of different 
Types of Services (ToS) like VoIP and video streaming, and 
the utilization of the network resources. Figure 2 shows the 
routers configurations of the four queuing scheduling 
disciplines. 

 

 
Fig. 2. Router configuration for (a) FIFO (b) PQ (c) WFQ (d) MWRR 

 

Figure 3 shows the dropped IP data packets for the four 
queuing scheduling disciplines as a function of time in 
seconds. The figure shows in case of PQ IP traffic dropped 
rate graph is not observed, where FIFO starts high compared 
to other queues, then continues very high with MWRR and 
WFQ.    
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Fig. 3. IP traffic packet drops (packets/sec) 

 
Figure 4 shows the traffic received statistics for Video 

conferencing, where it can be observed that in case of PQ 
video receiving rate graph is not observed, where FIFO 
starts high, then continues very high with MWRR and 
WFQ.  
 

 
 

Fig. 4. Video-conferencing traffic received (bytes/sec) 
 
Figure 5 shows traffic received statics for VoIP, where it is 
observed that as the traffic increases the performance graph 
increases in all the queuing scheduling disciplines except 
PQ. However, the performance graph of FIFO is started 
before those of WFQ and MWRR.  
 
 
 

 
 

Fig. 5. Voice traffic received (bytes/sec) 
 

Figure 6 shows the packet end-to-end delay time for 
VoIP. The delay is experienced by the FIFO queuing 
scheduling discipline started before the others. Then with 
time, they all have approximately same delay, except PQ 
has very low delay time near zero. 

 

 
 

Fig. 6. Voice packet end-to-end (sec) 
 

Figure 7 shows packet delay variation time for VoIP. As 
the time or traffic increases the highest packet delay 
variation time is experienced by the FIFO queuing 
scheduling discipline. FIFO queuing performance becomes 
same as MWRR and WFQ. The best delay variation is 
provided by the  PQ where no delay is observed. 
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Fig. 7. Voice packet delay variation (sec) 
 

IV. CONCLUSION 
In this paper, we analysis the network performance for 

MWRR, FIFO, PQ, and WFQ with different kind streaming 
applications: FTP, Video conferencing, and VoIP using 
OPNET simulation tools to achieve the QoS. We studied 
various parameters to improve queue technique in more 
acceptable and optimized networks.  
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Abstract – This paper provides a study of open source PKI 

systems applicable into European FP7 project INDECT. The 

requirements about type of certificates, key length and 

hierarchical structure are given in paper. INDECT PKI 

architecture with two levels of CAs are explained. Based on 

proposed architecture two open source PKI systems were 

studied: OpenCA and EJBCA. All tests were performed to 

create testbed that has proposed PKI architecture and covers 

all requirements (system and cryptographic). Finally EJBCA 

system was chosen for creating final INDECT PKI system.  

 

Keywords – security, certificates, public-key infrastructure, 

PKI, cryptography. 

I. INTRODUCTION 

INDECT: "Intelligent information system supporting 

observation, searching and detection for security of citizens 

in urban environment" is a Collaborative Research Project 

funded by the EU 7th Framework Program. Its main aim is 

to develop cost-effective tools for helping European Police 

services to enforce the law and guarantee the protection of 

European citizens. These tools must comply with both, 

country-level laws, as well as European-level directives 

including, among many others, the European Declaration 

on Human Rights [2]. 

A Public Key Infrastructure (PKI) is a common way to 

solve the problems related to the distribution of public 

keys, because it offers the scalability that is required for big 

communication and information infrastructures. A PKI is 

usually used to create policies, mechanisms and 

mechanisms for asymmetric key management, where 

public keys are distributed in the form of the so called 

digital certificates. However in INDECT the information 

that is included in certificates is more than just a public key 

since they are also employed for authentication and 

authorization purposes. Certificates are digitally signed to 

ensure the integrity and validity of the contained 

information [1]. 

II. INDECT PKI ARCHITECTURE 

One of the main characteristics of the INDECT project is 

that is composed by multiple heterogeneous systems that 

exchange sensitive information among them. Therefore it is 

necessary to fulfill all requirements for information 

security: Access Control, Authentication, Non-Reputation, 

Data Confidentiality, Communication Security, Data 

Integrity, Availability and Privacy [2]. The main element of 

the security infrastructures being deployed to provide these 

security properties is the INDECT Public Key 

Infrastructure (PKI). This PKI is the base for creating a 

heterogeneous and secure environment, based on X.509 

certificates, public keys and asymmetric cryptographic. The 

INDECT PKI architecture has a hierarchical, two-level 

structure [5]:  

 Level I – only the Root Certification Authority (Root 

CA) operates at this level. This CA is offline to prevent 

attacks to the PKI. 

 Level II – there are two CAs at this level: one for issuing 

certificates for users (Users CA), and other CA for 

issuing certificates for devices (Devices CA). Between 

these two CAs a trusted connection is established.  

The Root CA only issues certificates for two main CAs, 

the Users CA and the Devices CA. 

The Users CA manages (create, issue, revoke etc.) all the 

certificates related to the users of INDECT systems. Users 

use these certificates to log into the individual systems or 

the INDECT web portals, sign documents or encrypt 

connections and e-mails. These X.509 certificates can be 

installed in web browsers or securely stored in a smart-

card.  

The Devices CA manages all aspects of certificates 

issued for devices (PCs, PDAs, CCTVs, etc.). Each 

certificate is assigned to a specific device, thus each device 

can be uniquely identified and managed based on its 

certificate. Devices certificates‘ are used for creating secure 

communication channels, for signing streams and 

documents, and for identification. 

Table 1 shows the appropriate key sizes for the proposed 

CA‘s and the certificates they issue. 
 

TABLE 1.  
SUGGESTED SIZE OF THE RSA PRIVATE KEY 

CA role Key size 

Root CA 8192 bits 

User CA 4096 bits 

Device CA 4096 bits 

User certificate 2048 bits 

Device certificate 1024 bits 

 

Figure 1 shows the different levels of the INDECT PKI 

and the relation between its different CAs. 

1Nikolai Stoianov is with the C4I Development Directorate at 

Defence Institute, 34 Totleben Blvd, Sofia 1000, Bulgaria, E-mail: 

n.stoianov@di.mod.bg.   
2Emil Altimirski is with the Faculty of Telecommunications at 

Technical University of Sofia, 8 Kl. Ohridski Blvd, Sofia 1000, 

Bulgaria.   
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Fig. 1. Sample presentation of PKI infrastructure [5] 

Digital Certificates [6] 

A digital certificate is a representation of the link 

between the identity of a person or device and its 

corresponding digital information. This digital 

cryptographic information is comprised by the public keys 

of the subject. The digital certificate also contains other 

information related to people or devices, and this 

information is independently signed by the so-called 

Certification Authority (CA). 

The basic elements of the INDECT PKI infrastructure are: 

 Root CA server – is based on a self-signed (root) 

certificate, and it is always offline because it only issues 

the certificates of its Sub-CAs. 

 Users CA (Subordinate certificate authority for users) – 

manages all certificates related to users. These 

certificates are stored on smart-cards to enable two-

factor authentication. 

 Devices CA (Subordinate certificate authority for 

devices) – manages all system certificates issued for 

devices. In the INDECT architecture devices could be: 

Servers, CCTVs, Users' PCs, Tablets, Smartphones, 

communication devices, etc.  

 Users RA (Registration authority for users) - generates 

certificates from PKCS#10 requests, generates 

PKCS#12 for the end user, performs key recovery of the 

users‗ key (if requested using PKCS#12), edits users, 

revokes certificates, renews the certificates of existing 

users, generates a key storage for existing users, etc. 

 Devices RA (Registration authority for devices) - 

generates certificates for devices, edits devices profiles, 

revokes certificates, renews certificates for existing 

devices. The Devices RA is also operated using the 

EJBCA software. 

 PKI Backup/Log Server – for disaster-recovery 

procedures and for auditing the processes of certificate 

management. PKI logs are also copied into the global 

INDECT Audit Server. 

The architecture of the deployed INDECT PKI 

infrastructure is shown in Figure 2. 

The process for requesting and issuing certificates 

through a RA are as follows: 

A certificate request is sent to the RA by a user. 

1. The certificate request is checked and verified by the RA 

and stored locally. 

2. The CA is waiting for certificate requests and 

periodically checks the RA database. It processes the 

request by issuing a certificate and stores it back to the 

RA's DB. 

3. The RA periodically looks for new certificates issued by 

the CA. 

4. The RA sends the new certificate to the user after 

processing it. 

Certificate Revocation List (CRL) 

Often some certificates must be revoked before 

certificates‘ validity periods expire, for instance if its 

private key is somehow compromised. In this case the CA 

must create a list of revoked certificates, called Certificate 

Revocation List (CRL). This list includes the serial number 

of the revoked certificate and the reason for its revocation. 

Up to date information about revoked certificates is critical 

for a healthy PKI system. Therefore, the proposed update 

time for the CRLs of the INDECT PKI is 5 minutes. Four 

settings should be also configured on EJBCA [9] (the CA 

software employed for managing certificates) to define how 

CRL generation is done [6]: 

 CRL Expire Period: This is the validity period of the 

generated CRL. It is set to 24 hours.  

 CRL Issue Interval: This is the interval when the new 

CRL will be issued. For INDECT PKI it is set to 0, 

meaning that new CRL will be issued after old CRL is 

expired (24 h). 

  CRL Overlap Time: This setting defines the time when 

the new CRL should be issued before the old CRL is 

expired. For INDECT PKI, the CRL Overlap Time is set 

to 10 minutes. 

 Delta CRL Period: This setting defines the amount of 

time a Delta CRL (i.e. differences with a previous CRL) 

is valid after being issued.  

Certificate extensions for INDECT users 

Certificate extensions are optional by definition. This 

functionality was introduced in X.509 version 3. Based on 

these properties (extensions) it is possible to create a 

template and use it for issuing certificates for different 

purposes [1].  

In INDECT peach police-officer has a unique identifier 

that is used for identification and stored in their certificates. 

The credentials of all users will be stored in LDAP 

repositories so for uniformity the UID (User ID) attribute is 

used for user identification in INDECT systems and thus 

this UID is also stored in certificates.  

Additional information for rights management, such as 

the access level of users, is also stored in INDECT 

certificates. We assume the common security access levels: 

Unclassified, Restricted, Confidential, Secret and Top 

Secret. Therefore the certificate has an additional extension 

that stores the maximum access level of the user as follows: 
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Fig. 2. Architecture of INDECT PKI [6] 

 

 Unclassified access level: 0. 

 Restricted access level: 1. 

 Confidential access level: 2. 

 Secret access level: 3. 

 Top Secret access level: 4. 

 

In order to test the feasibility of the proposed PKI 

architecture a testbed on OpenCA [3] and EJBCA [4] has 

been deployed. 

III. OPENCA PKI SYSTEM 

OpenCa project was started in 1999. Basic concepts of 

this PKI project is that it is consists of three parts: a Perl 

web interface, an OpenSSL for cryptographic operation and 

database for store all information needed for managing 

certificates and infrastructure itself.  

Current version of OpenCA (OpenCA PKI v1.1.1) 

support following elements [3]: Public interface;  LDAP 

interface; RA interface; CA interface; SCEP; OCSP; IP-

filters for interfaces; Passphrase based login; Certificate 

based login; Role Based Access Control; Flexible 

Certificate Subjects; Flexible Certificate Extensions; PIN 

based revocation; Digital signature based revocation; CRL 

issuing. 

Basic configuration consists of CA, RA and users.  

To create working environment the following steps 

should be performed:  

 Initialization of CA and database; 

 Generation of new CA key and self signet certificate; 

 Rebuilding CA certification chain; 

 Creating and issuing RA certificate signed by CA; 

 Initialization of RA; 

 Issuing users' certificates. 

On figure 3 sample screen shot of issuing CA certificate 

is shown. 

 

 

Fig. 3 OpenCA screen of issuing CA certificate 

Based on OpenCA system users certificate have been 

issued. Sample user's certificate is shown below: 
 

Certificate: 

    Data: 

        Version: 3 (0x2) 

        Serial Number: 4 (0x4) 

        Signature Algorithm: 

sha1WithRSAEncryption 

        Issuer: emailAddress=nkl_stnv@tu-

sofia.bg,CN=Nikolai Stoianov,OU=WP8,O=INDECT Test 

CA,C=EU 

        Validity 

            Not Before: Apr 11 02:08:33 2013 

GMT 

            Not After : Apr 10 02:08:33 2014 

GMT 

        Subject: serialNumber=4,CN=Nikolai 

Stoianov,OU=Technical University of 

Sofia,O=INDECT Test CA,C=BG 

        Subject Public Key Info: 

            Public Key Algorithm: rsaEncryption 

            RSA Public Key: (2048 bit) 

                Modulus (2048 bit): 

                    

00:ea:7f:24:5b:a7:7f:e2:36:f6... 

                Exponent: 65537 (0x10001) 

        X509v3 extensions: 

            X509v3 Basic Constraints:  

                CA:FALSE 

            X509v3 Certificate Policies:  

                Policy: 1.2.3.3.4 

                  CPS: http://www.indect-

project.eu/cps 
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The main problem of OpenCA is that it is not possible to 

be issued certificate with key length more than 4096 bits.  

For INDECT PKI system we define and we need 

certificate with key length 8192 bits. That was the reason to 

try to find another open source solution for creation PKI 

system. 

IV. EJBCA PKI SYSTEM   

EJBCA is certification authority software that is build 

using Java technology. This system can be used for [4]: 

Strong authentication for users; Secure communication 

using SSL/TLS servers and clients; Smart card logon; 

Encrypting and signing e-mails; VPN connections; Single 

sign-on and etc. 

Basic architecture of EJBCA PKI system consists of: CA 

Server; RA Server; OCSP-Responder (or LDAP cluster), 

MySQL database server and Separated Backup Server. 

This architecture is acceptable for INDECT PKI system 

(see fig. 2).  

Internal architecture of EJBCA has following main 

elements: Client; WEB; EJB and Data [4]. 

General concepts of EJBCA is that hierarchical 

infrastructure should be created. In this infrastructure 

RootCA has self signed certificate and it is issued 

certificates for SubCA and RA. SubCA is second or third 

level CA that manage all certificates of end entities (users 

and devices form IDECT point of view). Registration 

authorities (RA) has functionality to register all requests for 

new certificates and manage thrust between CAs and end 

entities. On figure 4 is shown screen shot for issuing 

RootCA certificate for INDECT Test RootCA server. As 

you can see maximal key length of certificate is 8192 bits 

that fully covers INDECT PKI requirements (see table 1). 

 

 

Fig. 4 Screen shot of issuing INDECT RootCA certificate 

On figure 5 issued certificate of INDECT RootCA is 

shown. As you can see the key length of this certificate is 

8192 bits. 

V. CONCLUSION 

An PKI solution for managing users' and devices' 

certificates is one of the preferred nowadays. Currently 

requirements of certificate's parameters are changing every 

day. This requirements should cover from one point of 

view all cryptographic aspects and form another point 

additionally all aspects of managing them including 

issuing, pending, revoke and etc. Two open source systems 

have been studied and tested - OpenCA and EJBCA. These 

systems have different user interface and different basic 

concepts for building PKI system. Limitation of OpenCA 

to issue certificate with keylength of 8192 bits is critical  

for INDECT PKI system.Based on test performed over 

specially created testbed we choose EJBCA for basic open 

source PKI systems to create INDECT PKI. 

 

 

Fig. 5 INDECT RootCA certificate 
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Implementation of the Objects Queue of 20 elements for 
the File Cabinet Memory Method 

Vladimir Stankovic1 and Kristina Stanisavljevic2 

Abstract – This paper describes the basic association memory 
technique and its usage in the chain of association method as well 
as the file cabinets method. For the file cabinets method an 
objects queue of 20 elements is described and a proper computer 
application is developed. The application helps the user to adopt 
the mentioned queue elements, so they can be used as an efficient 
memory tool. 
 

Keywords – Basic association technique, Chain of association 
method, File cabinets method, Objects queue, Computer 
application. 
 

I. INTRODUCTION 

In almost everything we do there is a lot of data that should 
be remembered - phone numbers, credit cards, passwords, 
various codes. Even though there are lots of memory 
techniques which allow us to easily and efficiently remember 
all types of data, the average person has no knowledge of their 
existence. This paper represents an attempt of the authors to 
contribute to the popularization of the memory techniques, 
mainly those described in [1]. For one of the methods, called 
the file cabinets method, we developed a computer application 
that helps the user to adopt the mentioned technique. 

The paper is organized as follows. In section II we will get 
to know the basic association technique, which represents a 
basis for lots of other techniques and methods. Two such 
methods are the chain of association method and the file 
cabinets method, which are described in section III and 
section IV. Section V describes the developed application for 
adopting the objects queue, used for the file cabinets method 
and section VI is the conclusion. 

II. BASIC ASSOCIATION TECHNIQUE 

The basic association technique is based on making a 
connection - association between two concepts that are not 
mutually connected in any way. The simplest way to explain 
this technique is to use an example of pairs of objects. Let us 
assume we have the following 4 pairs of objects: 

 
boat - giraffe 
ball - cannon 
cigarette - phone 

skater - bottle 
 
Our job is to remember these pairs so that when someone 

mentions one of the words, we should say the other word in 
the pair. The basic association technique is based on picturing 
an image in our heads in which the both objects appear, such 
that something illogical or impossible or comic is going on, 
i.e. the picture should contain something very unusual, since 
that is what our brains easily remember. For example, we can 
imagine a giant giraffe standing in a lake up to its knees in the 
water and a boat is passing below it, like below a huge bridge. 
For the second pair we can imagine a cannon firing a ball 
instead of a grenade. For the third pair we could imagine a 
huge amount of cigarettes going out of the phone and filling 
up the whole room while we are making a call. Finally, for the 
last pair we could imagine a skater that has bottle instead of a 
skate, making various pirouettes. Every person should 
imagine what suits them the most, and for every person her 
own picture i.e. movie will be the best possible picture i.e. 
movie. It is enough to imagine the scene we are visualizing 
for only a couple of seconds providing that we imagined 
something totally unusual. 

The basic association technique represents a very powerful 
technique and lots of other techniques and methods are based 
on the basic association technique. In the next section we will 
consider the chain of association method. 

III. CHAIN OF ASSOCIATION METHOD 

The chain of association method directly results from the 
basic association method, if we make a chain from the things 
that are to be remembered. If we get back to the example from 
the previous section, we would have the next queue of objects: 

 
boat - giraffe - ball - cannon - cigarette - phone - skater - 

bottle 
 
Now we should make an association between the boat and 

the giraffe, then an association between the giraffe and the 
ball, then an association between the ball and the cannon etc. 
till the end of the queue. For the last element in the queue, the 
bottle, we can do 2 things. We can make an association with 
the first element, the boat, or we can place it in some weird 
position. That way we will know that is the end of the queue. 
The chain of association method can be used for remembering 
queues that are practically non limited by their lengths, for 
which we can reproduce the whole queue in both directions, 
forward and backwards. In [1] it is shown how the basic 
association technique may be used for remembering all sorts 
of data, not only objects. Using the chain of association 
method we can remember the sequence of the main points for 

1Vladimir Stankovic is with the Faculty of Electronic Engineering
at the University of Nis, Aleksandra Medvedeva 14, 18000 Nis,
Serbia, E-mail: vladimir.stankovic@elfak.ni.ac.rs   

2Kristina Stanisavljevic is with the Faculty of Electronic 
Engineering at the University of Nis, Aleksandra Medvedeva 14,
18000 Nis, Serbia, E-mail: kristinastanisavljevic@yahoo.com  
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some lecture we have to give, the sequence of chapters of a 
book, the queue of themes when studying for an exam, the list 
of things we have to buy in the supermarket, etc. All in all, the 
chain of association method may be applied to lots of 
everyday situations. 

IV. FILE CABINETS METHOD 

The file cabinets method offers a remembering capability 
that might appear supernatural to an average person. It enables 
remembering various things in a sequence in such a way that 
we can answer questions like "What is the fifth thing?", "And 
what is the eighth one?", "What is number three?" etc. If we 
used the same example of the queue that begins with the boat 
and terminates with the bottle, then if we used the chain of 
association method, we would have no problem to reproduce 
the whole queue in both directions, but we could not easily 
answer the question "What is the fifth object?". To answer 
that question we would have to go "through" the first four 
objects till we come to the fifth one. 

The idea for the file cabinets method is to define and adopt 
an object for each number, upfront. For example, tv tower is 
the object for number 1 in [1] and pencil is the object for the 
same number in [2]. Obviously, both the tv tower and the 
pencil are similar to the shape of the number 1. The object for 
number 2 in [1] is swan and in [2] is sink. The swan looks like 
the number 2 when observed from the side and the sink has 2 
knobs, it has 2 options - on and off, hot and cold, etc. The 
object used as number 3 in [1] is a triangle, for obvious 
reasons, etc. How is this used for remembering the queue? 
First we make an association between the boat (the first thing 
that is to be remembered) and the tv tower (the object 
assigned to number 1), then we make an association between 
the giraffe (the second thing that we remember) and the swan 
(the object assigned to number 2), then an association between 
the ball (the third thing) and the triangle (the object for 
number 3), etc. till the end of the queue. It is obvious that if 
we remember all the objects this way, we will have no 
problem to know the exact ordinal number for each of the 
objects. It is also obvious that we will not have limitless 
possibilities, like it was the case with the chain of association 
method - we will only have a buffer with capacity that is as 
large as the number of numbers we have "translated" into 
proper objects. 

In the remainder of this section we will exhibit the objects 
exposed in [1] that are assigned to the first 20 numbers and 
explain the proper associations between the objects and the 
numbers. Proper pictures of the objects for each of the 
numbers are shown in Tables I and II. 

As already said the objects for the first 3 numbers are tv 
tower, swan and triangle, respectively. 

The object for number 4 is sail, since it looks like number 
4, when observed from the side. 

The object for number 5 is snake, since it looks like number 
5, looked from the side, when it erects its head and twists its 
body in the form of the letter S. 

The object for number 6 is meter, as a measuring 
instrument, the kind that can be absorbed inwards. If a small 
part of it is extracted, it looks like number 6. 

TABLE I 
THE FIRST 10 OBJECTS OF THE 20 OBJECTS QUEUE 

1 
 

 
2 
 

 
3 
 

 
4 
 

 
5 
 

 
6 
 

 
7 
 

 
8 
 

 
9 
 

 
10 
 

 
 
The object for number 7 is ax, since it looks exactly like 

number 7. 
The object for number 8 is propeller, with 2 legs, since its 

shape reminds of the number 8. 
The object used for number 9 is a stick, the one used by old 

people for walking. It reminds of the number 9 with its bent 
end. 

The object used for number 10 is an umbrella - the stick 
represents the number 1, and the rounded part reminds of the 
number 0. 
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TABLE II 
OBJECTS 11 TO 20 OF THE 20 OBJECTS QUEUE 

11 
 

 
12 
 

 
13 
 

 
14 
 

 
15 
 

 
16 
 

 
17 
 

 
18 
 

 
19 
 

 
20 
 

 
 
Number 11 is football (the ball used for playing soccer), 

since in soccer there are 11 players in each of the teams. 
Number 12 is clock, since there are 12 numbers written on 

the clock. 
Number 13 is traffic light - it has a pole, which represents 

the number 1, and 3 lights. 
Number 14 is a windmill with 4 legs - the body represents 

the number 1 and the 4 legs are obvious association for the 
number 4. 

Number 15 is a stove with a tube twisted in the form of the 
letter S. The body of the stove represents the 1, and the tube 
looks like the number 5. 

Number 16 is a pipe on a one-leg stand - the one-leg stand 
looks like the number 1, and the pipe itself looks like the 
number 6. 

Number 17 is harp - watched from the side it looks like the 
number 17. 

Number 18 is violin - the neck represents the number 1, and 
the shape of the violin looks like the number 8. 

Number 19 is a saber pulled out of the scabbard - the 
scabbard represents the number 1, and the saber itself looks 
like the number 9. 

Finally, number 20 are cigarettes, since there are 20 
cigarettes in a pack. 

In order to use this queue of objects a person should first 
remember well which object is assigned to which number. In 
[1] the reader is advised to make 20 cards, write the numbers 
1 to 20 on each card, and write the proper object names on the 
other sides of the cards. Then, whenever you have some free 
time, you should go through the cards, first in order, and later 
randomly. You should go through the cards both looking at 
the objects and remembering their numbers, as well as looking 
at the numbers and trying to reproduce their objects. After 
doing this for some time, you will adopt the queue and then 
you will be able to use it to remember whatever you wish. For 
example, you could easily remember any queue of 20 objects, 
concepts, rules, laws etc. such that you can correctly and 
precisely reproduce the ordinal number for each of them in 
order or out of order. 

Since the average person is not at all patient to persist in the 
task of adopting the objects queue described above, many of 
the people will probably not even bother to make the 20 cards, 
the authors of this paper have developed a proper computer 
application that helps in this process. In the next section we 
will describe this application. 

V. THE APPLICATION 

Figure 1 shows the starting window of the application. The 
first option the user has to enter is whether the pictures should 
be changing in order or out of order. It is obvious that in the 
beginning the option "In order" will be chosen more often, 
while after some time the option "Random" will be chosen 
much more often. The second option determines the time 
interval that has to elapse when changing the numbers and the 
pictures. The possible values are 1s, 2s, 3s, 5s, 0.5s and 0.3s, 
with 1s being the default option. The last two values, 0.5s and 
0.3s, are obviously not going to be used by beginners, but 
only by experienced users who want to really master this 
method. The third option determines whether the application 
should show first the number followed by its object picture or 
first the object picture followed by its number. This option is 
also understandable, since the user has to know both the 
number for each of the objects and the object for each of the 
numbers. Finally, the user has the option to change the picture 
for any of the 20 numbers, if she does not like the picture 
itself, or she wants to assign different object to some number. 
She just has to select the number for the picture that should be 
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changed, then select the proper image file using the "Browse" 
button, and then simply clicks on the button "Change". The 
change is permanent, meaning it will still take effect after 
restarting the application. 

 

 

Fig. 1. Starting window of the application 
 

 

Fig. 2. Number 1 
 
Clicking on the "Start" button will start the displaying of 

the numbers and the proper object pictures, according to the 
selected options. This, for number 1, is shown in Figs. 2 and 
3. Any time during the show the user can click on the button 
"Pause", which will pause the show and the button "Pause" 
will turn into "Continue". Clicking on the "Continue" button 
will continue the show. If the user wants to stop the show, she 
can simply click on the button "Stop", which will stop the 
show and display the starting window of the application. 

 

 

Fig. 3. Picture for number 1 
 

VI. CONCLUSION 

In this paper we have described the basic association 
technique and its usage in the chain of association method and 
the file cabinets method. For the file cabinets method, we 
have developed a proper computer application that helps the 
user to adopt a queue of 20 objects, used as 20 file cabinets. 
That way the user can remember any queue of 20 things, 
concepts, rules, laws etc. in such a way to be able to correctly 
and precisely reproduce the ordinal number for each of them, 
in order or out of order. In the future work the authors plan to 
maybe increase the number of objects in the queue for this 
application and/or develop another application that helps the 
user to adopt/understand some other memory technique or 
method. 
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Implementation of Parallel LFSR for BIST 
M. K. Stojčev, I. Ž. Milovanović, E. I. Milovanović, T. R. Nikolić* 

 
Abstract – .  Built in self test (BIST)  is popular approach 

for VLSI testing. It uses a linear feedback shift register 
(LFSR) as test pattern generator since LFSR generates all 
possible test vectors which means it can achieve high fault 
coverage in a relatively short run test vectors. This paper 
shows the implementation of parallel LFSR (PLFSR) intended 
for testing intellectual property (IP) blocks within a VLSI IC. 
The PLFSR is connected to  n IP’s inputs in order to apply in-
test mod test vectors which, possible, detect faults. The 
proposed PLFSR is implemented on Xilinx FPGA device, runs 
at 200 MHz clock frequency and generates two random 
numbers per clock period. the described design is 
reconfigurable and is capable of operating with different 
primitive polynomials of degree up to n=32. In respect to the 
standard LFSR, the proposed design shows that it can achieve 

an appealing trade off between performance ( 2×  higher 
system throughput, from one hand, and less then 94% 
hardware overhead and dynamic power consumption, from 
the other hand.) 

Keywords – Built-In Self-Test, Linear Feedback Shift 
Register, Random Number Generator, FPGA Design 

I. INTRODUCTION 
Random numbers, RNs, are used today in numerous 
applications including electronic circuit testing, 
cryptography, simulations of wireless communication 
systems, Monte Carlo simulations, etc.[1]. Two basic 
approaches are used to generate RNs. The first one is based 
on measurement phenomenon of some physical process 
which is completely unpredictable such as thermal noise in 
electronic circuits, or noise-power level in radio-frequency 
receivers. Random number generators, RNGs, which use 
this principle of operation can be implemented using 
analogue and digital electronics, but these design solutions 
tend to be expensive and slow. The second approach uses 
computational algorithms that generate long sequences of 
apparently RNs. In this case RNs can be generated both by 
using software algorithms that involve complex 
mathematical operations and relatively slow RN sequences 
generation, and by using hardware which can implement 
less complex methods but fast RNs generation [2]. Up-to-
date complex VLSI CMOS ICs run in the range from 
several hundreds MHz up to several GHz, so 
implementation of low-price, high-speed and simple RNG 
becomes an ultimate design goal. The RNG as electronic 
device is designed to generate a sequence of numbers that 
lack any pattern. But in practice it is very difficult, or 
almost impossible, to generate a series of logical steps that 
produce numbers that do not follow some definite 
sequence. These RNs are called pseudo random numbers, 
PRNs.  
M. K. Stojčev, I. Ž. Milovanović, E. I. Milovanović, T. R. Nikolić 
are with the faculty of Electronic Engineering, Niš, Serbia. 

There are two different hardware implementations of 
pseudo random number generators, PRNGs, that are widely 
used for logic built-in-self-test, BIST, applications [3]. The 
first one is based on usage of linear feedback shift register, 
LFSR. Its structure is simple, suitable for implementation 
as IP core within a complex VLSI ICs, and therefore is 
most commonly used to generate test patterns or test 
sequences [5-8]. The second design uses cellular automata, 
CA. The CA based PRNGs are more complex devices but 
provide patterns that look more random [2-3]. In this paper 
we have presented an efficient parallel pseudo random 
number generator based on LFSR  (PLFSR) which is used 
for fast testing the constituents (IP cores) within a complex 
VLSI circuits. In respect to the parallel implementations of 
LFSR, described in [9-10], the proposed design 
characterizes higher system throughput and 
reconfigurability. 
The rest of the paper is organized as follows. In section two 
a brief description of standard LFSR generators is given. 
Section 3 deals with principle of operation and structure of 
parallel LFSR generator. We start with mathematical 
background. After that we describe PLFSR hardware 
structure at block diagram level. Experimental results are 
given in Section 4. Concluding remarks are given in 
Section 5. 

II. STANDARD  LFSR GENERATORS 
 LFSR belong to the devices known as finite state 
machines. Its input state is a linear function of the pervious 
state. By using feedback it modifies itself on each rising 
edge of the clock. The L-bit initial value of LFSR is called 
seed, where L is called its length, and the bit position that 
affects next state is called tap. Two different LFSR 
implementations exist. The Fibonacci configuration (also 
known as external-XOR LFSR) consists of a simple shift 
register in which a binary-weighted modulo-2 sum of taps 
is fed back to the input , Fig. 1. The Galois implementation 
(alternatively called internal-XOR LFSR) consists of shift 
register, the contents of which are modified at every step by 
a binary-weighted value of the output stage, Fig. 2. 

 
Figure 1: Fibonacci implementation of LFSR 
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Figure 2: Galois implementation of LFSR 

Codes generated by any of the two aforementioned types of LFSR 
are actually pseudo-random sequences because the sequence, 
known as the period of the PRNG, repeats after a certain number 
of clock cycles. Once it reaches its final state, it will traverse the 
sequence exactly as before.  The advantage of serial LFSR 
architecture is small amount of hardware it requires. 

With aim to increase the throughput of the LFSR generator, we 
propose  a LFSR that generate k consecutive pseudo random 
numbers in parallel (PLFSR). 

III. PARALLEL LFSR GENERATOR 
Mathematical background 

Let  
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is an nn× matrix joined with polynomial (1), and ⊕ a 
logical exclusive-or operation. In general, i-th state of the 
LFSR as a function of the initial state can be obtained 
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According to the above equations we can conclude that 
computational complexity of determining states 

)2(),1( QQ
rr

 and )3(Q
r

 is the same. On the other hand, 
determining state )4(Q

r
 requires two XOR operations for 

computing element )4(
1q , leading to computational 

imbalance. 

Parallel LFSR implementation 

For the given feedback polynomial we propose LFSR for 
parallel generation of k consecutive pseudo random 
numbers, called parallel LFSR (abbreviated as PLFSR), 
shown in Fig. 3.   

200



 
 

 
Figure 3: The structure of PLFSR 

PLFSR consists of the following building blocks: 

- Extended parallel shift register (E_LFSR) with n+k 
cells (flip-flops). The right most n cells correspond to 
the standard LFSR, while the k leftmost cells represent 
linear array of k individual cells, called extension array 
(EA) 

- The EXOR network is a combinatorial network of  
EXOR circuits which generate k product terms in 
parallel that feed in EA. Constituents of EXOR 
network are configuration registers that are used for 
selecting the primitive polynomial and the length of 
E_LFSR. 

- k registers, R1 to Rk, composed of n flip-flops, used 
for temporal storing of k consecutive states of PLFSR 

- Output switching network (MUX), which operates as 
k-input multiplexer. 

- Output register, Reg_out, output stage used for driving 
Circuit Under Test (CUT) 

Control logic (CL) used to generate control signals for 
driving the constituents of PLFSR. 

The PLFSR is implemented as two-macro-stage pipeline. 
Within the first macro-stage, called CALCULATION, k 
consecutive pseudo-random sequences are calculated in 
parallel. The CALCULATION  stage operates as two-cycle 
logic. During the first cycle, the content of E_LFSR is 
shifted for k positions right. In the second cycle, k 
consecutive resultant bits are calculated by EXOR network 
and written into EA. The second macro-stage, called 
OUTPUT stage, is implemented as k-cycle (poly phase) 
logic. During  the first cycle  registers R1 to Rk are loaded 
in parallel. In the next k cycles, k consecutive 
pseudorandom numbers are selected by MUX block and 
written into Reg_out. 

During system initialization configuration bits are loaded 
into EXOR network. This provides that the proposed 
PLFSR can implement any feedback polynomial of degree 
n. In a concrete case, primarily limited by the amount of 
available logic blocks and input-output capacity of FPGA 
chips, we can implement, using reconfiguration, any 
polynomial of degree  32≤n . 

The most complex part of PLFSR is the EXOR network, 
shown in Fig. 4. It consists of k reconfigurable EXOR 
blocks, each implemented as binary three of EXOR 
circuits. Multiplexers, M1 to Mn,  are used to switch on/off  
a  corresponding tap in the feedback loop. The outputs of a 
configuration register are used for driving the select signals 
of multiplexers M1 to Mn. The propagation delay of EXOR 
network is equal to the propagation delay through one 
multiplexer, plus n2log  delay through EXOR circuits. It  
is independent of the chosen feedback polynomial for the 
given n. 

 
Figure 4: The structure of EXOR network 

IV. EXPERIMENTAL RESULTS 
In order to verify our design, we have implemented both 
PLFSR and standard LFSR in FPGA technology. For the 
sake of verification we have implemented PLFSR that 
generates two consecutive pseudo random sequences in 
parallel.  The PLFSR and logics were described at register 
transfer level using VHDL. For FPGA implementation of 
PLFSR an LFSR we have used Xilinx development CAD 
tool ISE WebPack 13.1. Design verification was performed 
using test benches intended for excitation of PLFSR and 
LFSR. PLFSR and LFSR were implemented on FPGA 
devices from Virtex-6 LP series (circuit xc6vlx75tl-1lf484). 
The obtained results are given in Table 1, for standard 
LFSR, and in Table 2 for PLFSR.  

 
Table 1: Implementation results for standard LFSR 

 No of 
flip-
flops 
in 
LFSR 

No of 
occu- 
pied 
Slices 

Best 
case 
achie-
vable 
(ns) 

Dynamic  
Power 
 (mW)     

Quiescent  
Power 
(mW)     

Total  
Power 
(mW)    

Virtex6 LP 
xc6vlx75tl-
1Lff484 

32 71 1.701 6.65     781.19     787.84 
24 52 1.885 5.99 781.18 787.17 
16 38 1.888 5.62 781.17     786.80 
8 18 1.722 4.51     781.16 785.67 
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Table 2: Implementation results PLFSR 

 No of 
flip-
flops 

in 
LFSR 

No 
of 

occu-
pied 
slices 

Best 
case 

achie-
vable 
(ns) 

Dynamic 
Power 
(mW) 

Quiescent  
Power 
(mW) 

Total  
Power 
(mW) 

Virtex6 LP 
xc6vlx75tl-

1Lff484 

32 113 1.883 11.17 781.26 792.43 
24 90 1.924 11.65 781.26 792.91 
16 57 1.768 9.19 781.23 790.42 
8 35 1.735 7.69 781.21 788.89 

 

According to the results given in Tables 1 and 2 we can 
conclude the following:  

− Hardware overhead of PLFSR compared to the 
standard LFSR is from 50% (for the polynomial of 
degree 16) up to 94% (for the polynomial of degree 8). 
For the given polynomial degree n, hardware overhead 
is independent of the chosen polynomial, i.e. active 
taps. 

− Dynamic power consumption depends of the chosen 
primitive polynomial. For both PLFSR and standard 
LFSR  power consumption was estimated using the 
same polynomial. The dynamic consumption ratio 
between PLFSR and standard LFSR, varies from 1.63 
(for the polynomial of degree 16) up to 1.94 (for the 
polynomial of degree 24).  

− Contribution of dynamic power consumption to the 
total power consumption is approximately 1.5% which 
implies  that the impact of the PLFSR hardware is very 
low with respect to the total hardware of the FPGA 
chip. 

Note that the system throughput of the PLFSR is two times 
higher compared to the standard LFSR under the same 
operating conditions, e.g. system clock. 

V. CONCLUSION 
Random number generation is an important application 
area that is met in BIST devices for complex VLSI circuits. 
In this case it is essential that the random numbers 
generator be amenable to hardware implementation in 
terms of area, high throughput rate, low-power dissipation, 
and low complexity. LFSR are commonly used as pseudo 
test pattern number generators in low overhead BIST 
schemes. In this paper we have presented an efficient 
parallel pseudo random number generator based on LFSR 
which is used for fast testing the constituents (IP cores) 
within a complex VLSI circuits. The proposed scheme was 
implemented on VIrtex6 LP FPGA device (circuit 
xc6vlx75tl-1lf484), running at clock speed of 200MHz, 
while delivering two 32-bit random numbers per clock. The 
reconfigurable hardware allows to implement any 
polynomial of degree 32. In comparison to standard pseudo 
random number generator based on LFSR, the proposed 
solution characterizes 2x higher throughput rate, at cost 
penalty of 94% of higher dynamic consumption and 
hardware overhead in the worst case. 
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Abstract – In this paper, high-performance processing of 

geospatial data on multicore computer architecture is 

considered. We use OpenMP (Open Multi-Processing) to 

implement parallel processing of common Geographic 

Information Systems (GIS) algorithms on multi.core processors. 

This approach is used to accelerate application for map-

matching computation over large spatial datasets consisting of 

moving points and road network segments. Also, the algorithm 

for viewshed analysis is parallelized and performed on a 

multicore system. Experimental evaluation validates our 

approach and shows feasibility of high-performance computing 

in GIS. 

 

Keywords – high-performance processing, GIS, multicore 

processors, OpenMP, map-matching, viewshed analysis 

I. INTRODUCTION 

Many today’s data and computing intensive applications 

require more processing power then even before. Computer 

games, database searching, Web search engines, financial and 

economic forecasting, climate modeling, medical imaging, 

etc. are application domains from a broad range of 

applications that demand accelerating and performance 

improvements [1]. One of the approaches for achieving 

performance improvements, which has been used in last 

decades, is to decrease the size of components used to build 

computers. The technology progress has made possibility to 

put billions of transistors on a single chip. As the size of 

transistors has decreased their speed also has increased and 

therefore the speed of overall integrated circuit has to be 

increased. But, increasing of the transistor speed, as a major 

approach of computer performance advance, has limited due 

to heat-dissipation. As a consequence of heat dissipation 

integrated circuit could become unreliable [2]. These 

limitations have led to alternative strategies for creating more 

powerful computers, and have made the use of parallelism to 

become one of the crucial solutions for accelerating 

applications. For example, chip manufactures have started to 

produce processors with several computing units, called cores, 

on one chip, that have independent control and have access to 

the same, shared memory. Therefore, using multicore 

processor has made each desktop or a laptop computer a 

commodity parallel system. It is important that application 

software must be able to make effective use of parallelism that 

is present in available hardware resources. Software 

developers can’t except that the increasing of computer power 

can be automatically used by their application programs. This 

is due to the fact that there is not appropriate automatic 

transformer from a sequential program to a parallel program 

that runs efficiently on the new architectures. Research in the 

area of parallelizing compilers has shown that in many 

situations it is not possible to extract enough parallelism from 

sequential programs. Instead, a software developer has to 

transform its software to run efficiently on new architectures.  

Therefore, OpenMP (Open-Multiprocesing) was developed 

to enable creation of parallel programs for shared-memory 

multiprocessor platforms. OpenMP represents a set of 

compiler directives, library routines, and environment 

variables that provide programmer to tell the compiler which 

instructions to execute in parallel. Also, OpenMP provides 

programmer to define how to distribute them among the 

threads that will run the code.  

Many modern software applications, which are developed 

to model real world, process a large amount of data and thus 

cause long execution times on today’s computers. One such 

application domain that could significantly benefit from 

parallel processing is Geographic Information System (GIS) 

that includes processing and analytics of massive geospatial 

data (Big Geospatial Data). In this paper, we use OpenMP 

parallel implementation for a map matching, a process of 

integration of raw vehicle trajectory data to underlying road 

network providing richer semantics in registered movement. 

Also, the algorithm for viewshed analysis is parallelized and 

accelerated on a multicore system. The performances of our 

implementations have been evaluated. Experimental results 

are examined and discussed. 

II. HIGH-PERFORMANCE COMPUTING IN GIS 

There are many ways to parallelize applications in order to 

improve their performance. Just as there are several different 

classes of parallel hardware, so there are different models of 

parallel programming. Therefore, OpenMP (Open-

Multiprocesing) was developed to enable development of 

parallel programs for shared-memory multiprocessor 

platforms. Also, there are other high performance 

parallel/distributed techniques and methods. For example, 

MPI (Message Passing Interface) programming library use 

multiple computers connected by high-speed LAN for 

distributed computing, while OpenCL (Open Computing 

Language) and CUDA (Compute Unified Device 

Architecture) enable general-purpose applications to access 

massively parallel Graphics Processing Units (GPU) for non-

graphical computing [2].  

 OpenMP is not a new programming language. Rather it is a 

notation that can be added to a sequential program in C, C++ 

1 Natalija Stojanović is with the Faculty of Electronic Engineering, 

University of Nis, Aleksandra Medvedeva 14, 18000 Niš, Serbia  
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and Fortan to describe how the work can be shared among the 

threads that execute on different processors or cores and to 

order access to shared data as needed [3].  

OpenMP supports the so-called fork-join programming 

model. This approach assumes that the program begins 

execution as a single thread, just like an ordinary sequential 

program. The thread that executes this piece of code is called 

initial (main) thread. Every time this thread encounters 

OpenMP parallel construct during program execution, it 

creates a set of threads. It then becomes a parent thread and 

cooperates with other threads of the program execution. (Fig. 

1). At the end of parallel construct only the initial (parental, 

main) thread continues execution, interrupting the execution 

of others. 

 

 

Fig. 1. Fork-join programming model 

OpenMP is expected that the developer specifies the 

parallel parts of the program and the method of parallelism 

applied. Thus, it provides a notation to indicate the area of 

OpenMP program that should be executed in parallel. Also, it 

is possible to obtain additional information on how this should 

be achieved. OpenMP job is to classify the parts of the 

program and create appropriate threads, as well as to allocate 

a piece of code to execute by each thread. The method of 

work division can have a significant impact on the program 

performance. 

Until recently, the application of high performance 

computing techniques especially those available at PC 

workstations and their networked clusters are mostly 

neglected. Nowadays, with the increasing volume of 

geospatial data required for computational- and data-intensive 

problem solving in different GIS application domains, it has 

emerged as a prominent research area [4], [5]. 

Akhter et al. [6] develop a methodology and propose 

GRASS GIS module extension with parallel and distributed 

computing for remote sensing image processing. Different 

implementations for distributed GRASS modules are 

examined on three different programming platforms (MPI, 

Ninf-G and OpenMP) and their performance are presented. 

Zhang in [7] considers a new HPC framework for 

processing geospatial data in a personal computing 

environment. He argued that modern personal computers 

equipped with multi-core CPU and many-core GPU provide 

excelent support for spatial data processing comparing with 

cluster computing using MPI and newly emerged cloud 

computing using MapReduce framework. 

In our previous paper [8] we evaluate two 

parallel/distributed architectures and programming models: 

MPI (Message Passing Interface) over network of 

workstations (NoW) and CUDA (Compute Unified Device 

Architecture) on GPU in well-known problems in GIS: map 

matching and slope computations. Experimental evaluations 

indicate improvement in performance and shows feasibility of 

using network of workstations and GPU for high performance 

computing in GIS. 

III. GEOSPATIAL DATA PROCESSING USING OPENMP  

In this paper, we consider the spatial join between a large 

dataset related to trajectories of moving objects and the 

dataset on the road network on which they move in order to 

perform map-matching. The result of the map-matching 

process is a dataset containing points at the road segments that 

are the closest to the appropriate trajectory points. This way 

moving points that represent trajectories are matched to 

corresponding road segments at which their movements occur. 

In order to achieve map-matching, finding nearest road 

segment in a series of segments for each point in the series of 

points is needed. Points are given by their x and y coordinates 

and segments are represented as polylines defined by the 

coordinates of their vertices. Finding the nearest segment for 

the corresponding point is performed by determining the 

minimal distance between a point and corresponding segment. 

Determining this minimal distance is presented in Fig. 2. 

 

 

 

 

Figure 2. Determining minimal distance between point an a line 

segment 

Determining the shortest distance beetween a point and a 

segment depends on a value of scalar dot between vectors NM 

and MP, i.e. scalar dot between vectors MN and NP and is 

calculated using following expression: 
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where A = y1-y2, B = x2-x1 and C = x1y2-x2y1. 

 

In order to accelerate the sequential execution of map 

matching computation using parallel OpenMP techniques the 

distribution of iterations to the corresponding threads is 

performed. Within each iteration, the coordinates of the point 

lying on the corresponding segment which is part of matched 

trajectory, are found. Iterations are evenly distributed among 

threads. 

Viewshed analysis is one of the common algorithms in 

terrain spatial analysis and use of terrain models. A viewshed 

d 

M(x1,y1)  

N(x2,y2) 

P(x0,y0) 

d’ 
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is the area(s) of the land/terrain surface that is visible from 

one or more viewpoints. Viewshed analysis is used in a 

variety of applications such as locating radio and TV 

transmitters and cellular communication base stations for 

maximum coverage, site selection for the forest lookout 

stations and determining the areas of the resort that would be 

visible from the new restaurant to determine its scenic 

qualities.  

The location and height of the viewpoint can change the 

size and shape of a viewshed. Viewing parameters can also 

include the viewing angle, the search distance and even the 

tree height. The process of deriving viewsheds is called 

viewshed or visibility analysis. A viewshed analysis requires 

two input datasets. The first dataset represents a point layer 

containing one or more defined viewpoints. The second input 

dataset represents the land surface and can be defined as a 

DEM (Digital Elevation Model) - a raster spatial data 

containing elevation at spatial grid points, or a TIN 

(Triangulated Irregular Network). 

The viewshed analysis is performed following a series of 

steps [9]. First, the location of the viewpoint is connected by a 

line of sight or a ray to all specified location in the terrain. 

Second, a set of intermediate points is derived along each 

sightline. These intermediate points are determined from the 

intersection between the sightline and the grid lines of the 

elevation raster (DEM). Finally the computing algorithm 

examines the elevations of the intermediate points, looking for 

locations that are higher and thus visible from the viewpoint 

or not (Fig. 3.) Higher points along this sightline obscure the 

lower points that are behind them. The above procedure is 

repeated for each grid point in the elevation raster as a target, 

or only for specified locations of interest. In the parallel 

OpenMP implementation the viewshed computing for the 

whole set of grid points is evenly distributed among several 

threads (e.g. 2, 4, 6, 8, 10, etc.) and thus can be performed on 

separate cores in a multi core architecture. Using OpenMP the 

effective use of a multicore architecture is achieved.  

 

 
 

Fig. 3. Ray tracing for visibility analysis [9] 

 

Through repeated ‘ray tracing’ a viewshed map is built. 

This is a Boolean raster map that classifies raster cells into the 

visible and invisible groups and indicates which areas of 

terrain are visible or not from the location of interest. This 

map is more effectively interpreted and understood by its 

visualization over the terrain surface (Fig. 4.). 

Various algorithms have been developed for computing 

viewsheds and appropriate tools are available in several 

contemporary commercial and open-source GIS software.  

Such tools provide basic capabilities for setting up the 

parameters for viewshed analysis but usually do not provide 

choices for algorithms and information of adopted algorithm. 

 

 

Fig. 4. Results of viewshed analyses for single point  

 

Both map matching and viewshed analysis algorithms are 

time consuming and computationally intensive operations that 

are performed by applying relatively simple geometric 

operations over massive vector or raster geospatial datasets. 

As such these operations are well suited for speeding up by 

employing parallel processing techniques in the computation. 

In the next section we will examine application of OpenMP 

on common GIS algorithms, map matching and viewshed 

analysis to show improvement in performance and feasibility 

of effective use of multicore architecture for high performance 

computing in GIS. 

IV. EXPERIMENTAL EVALUATION 

In order to estimate proposed parallel solutions we used the 

speedup as measure. Speedup (SP) is used to compare the 

execution time of observed computation on p processors (TP) 

to the execution time of sequential version (T1) i.e. 

P
p

T

T
S 1  

As the values of speedup values are indication of 

processor's performance, the maximum obtained speedup can 

be used to locate the best number of threads to be used for 

corresponding application on observed architecture. In our 

experiments for both applications we used Intel Core 2 Duo 

T5870 2GHz CPU, 4GB of RAM, and Intel i7-2670QM 

2,2GHz, 4GB of RAM multicore architecture. Intel Core 2 

Duo has two cores, while Intel Core i7 has 4 cores with 

implemented hyper-threading (HT) technology. With hyper-

threading technology, the instructions from two threads are 

interleaved in the processor pipeline. Circuits of the processor 

which store architectural state of processor are duplicated, but 

the main execution resources are shared and not duplicated. 

For the development of parallel application on multicore 

computer, Visual Studio 2008 with included support for 

OpenMP is used. 

In the case of map-matching application two datasets are 

used and stored in corresponding files. The first dataset 

represents the set of segments (each polyline consists of 

Sightlines

s 
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straight line segments) where each record contains segment 

identifier and (x, y) coordinates of the segment endpoints. The 

segment dataset contains 7035 records. The second dataset 

contains the set of moving points where each record contains 

point identifier, sequence number, the timestamp, (x, y) 

coordinate of point and the current speed. The point dataset 

consists of 329273 records. In the case of viewshed 

application DEM with 1201x1201 points is used. 

 Performance of map-matching application as well as 

viewshed application, obtained for different number of threads 

on the Intel Core 2 Duo and Intel Core i7 are shown in Table I 

and Table II. In both tables the execution time (in seconds) 

and speedup for corresponding thread count are shown.  

TABLE I 

EXPERIMENTAL RESULTS FOR MAP-MATCHING 

algorithm 

Core 2 Duo i7 

threads TP SP threads TP SP 

2 181,006 1,824 2 71,585 1,954 

4 186,489 1,771 4 42,661 3,278 

6 191,441 1,725 6 31,016 4,509 

8 222,351 1,485 8 25,823 5,416 

TABLE II 

EXPERIMENTAL RESULTS FOR VIEWSHED 

ALGORITHM  

Core 2 Duo I7 

threads TP SP threads TP SP 

2 221,185 1,991 2 149,575 1,826 

4 250,743 1,756 4 84,276 3,240 

6 282,675 1,558 6 73,443 3,719 

8 245,047 1,797 8 65,632 4,162 

 

For Core 2 Duo the best performance results are when 

using two threads, while performance decreases for both 

algorithms when engaging more than two threads. For the 

Core i7 processor, hyper-threading technology enhances the 

speedup for applications with two to eight threads. After that, 

it stagnates. The maximum speedup in the case of map-

matching is obtained for eight threads and its value is 5,416. 

For the viewshed algorithm the maximum obtained speedup is 

for eight threads and its value is 4,162.  The speedup values 

more than 4 are obtained due to HT technology. 

From Tables I and II it can be concluded that the obtained 

speedup makes this OpenMP implementations a candidate for 

sequential acceleration solutions. As can be concluded from 

the experimental evaluation, the use of OpenMP 

implementation for map-matching algorithm and viewshed 

analysis is a major challenge, and as a result gives satisfactory 

performance improvements. 

V. CONCLUSION 

With advances in remote sensing, geosensor networks and 

pervasive positioning, the amount of geospatial data that 

needs to be processed and analyzed has exploded in recent 

years. It leads to a rising interest in using high performance 

parallel and distributed techniques for large scale geospatial 

data processing and analysis. This paper shows that the 

application of OpenMP parallel processing technique to 

effectively employ multicore computer architecture could 

improve the performance in executing common computation 

and data intensive GIS algorithms, such as map matching and 

viewshed analysis, over large scale raster and vector 

geospatial data. 

The future research will consider the usage of other HPC 

techniques and platforms in GIS, such as cloud computing 

(MapReduce/Hadoop) and the adaptation of various GIS 

algorithms to cloud infrastructure. 
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Abstract – In this paper, the performability of e-Commerce 

systems has been treated, by obtaining specific metrics, through 

stochastic modelling and discrete-event simulation approach. 

Two common configurations have been observed, including a 

system with a single module, and a system with a spare module in 

a cold standby. A comparison of the two configurations’ 

availability levels has been made, as well. 

 

Keywords – e-Commerce, Performability, Stochastic Petri 

Nets, Discrete-Event Simulation. 

 

I. INTRODUCTION 

The gains, successfulness and effectiveness of a particular 

e-Commerce system, be it an existing one or a system in the 

phases of design and implementation, can be assessed by 

quantitative modelling and evaluation of its performance, 

reliability, and availability, unified under the notion of 

performability. It is a complex concept, which includes both 

the performances and the dependability of the observed 

system. On the other hand, e-Commerce systems are 

inherently complex by nature and exhibit a stochastic 

behaviour that can be mathematically described by the 

probability theory and stochastic processes, especially the 

Markov processes [1]. Still, both the specification and 

validation of Markov models are extremely difficult. 

Moreover, there is also the problem of a state-space explosion 

due to enormous number of states within their reachability 

sets, known as the problem of largeness, which makes these 

models be computationally intractable in practice, in most 

cases. In addition, one should be also aware of the existence 

of the problem of stiffness, since the events that correspond to 

system’s performances are more frequent than those that 

correspond to its reliability. Therefore, we propose the 

appliance of the hierarchical composition approach instead of 

building a single, unified, and monolithic model, which can be 

decomposed into three sub-models, including the reliability, 

the performance, and the availability sub-models, which 

altogether comprise the performability model. Next, in order 

to avoid direct modelling with Markov processes, we propose 

the usage of some classes of stochastic Petri Nets. 

Nonetheless, despite the fact that methods for obtaining an 

analytical solution of these classes have been already 

developed, and several dedicated software tools for obtaining 

a numerical solution already exist, we propose the approach of 

solving these stochastic Petri models by discrete-event 

simulation (DES). In spite of the fact that there are many 

common-purpose software packages that support DES, we 

have turned to the SimPy/Python programming environment, 

due to its high level of flexibility, robustness, and semantic 

expressing power to build simulation models of an arbitrary 

complexity and to obtain plethora of metrics, as required. 

II. THE RELIABILITY SUB-MODEL 

The fundamental part of all further stochastic sub-models is 

the GSPN reliability model (Fig. 1), derived from the DSPN 

Petri model of the e-Customer’s online shopping behaviour, 

originally proposed by Mitrevski et al. (2002) [2]. Initially, 

the e-Customer resides in the place PSEARCH, i.e. he/she 

invokes the function Search, for an exponentially distributed 

time 1/λ, where λ is the firing rate of the transition 

TEND_SEARCH. If the desired item/product is found, he/she can 

put it into the shopping cart (function Add-to-Cart) and repeat 

the Search operation. If the shopping cart is not empty, he/she 

can proceed to the place PCHECKOUT and make an order. 

 

 

Fig. 1. A Generalized Stochastic Petri Net model of the e-Customer’s 

online shopping behaviour 

1Pece Mitrevski is with the Faculty of Technical Sciences at ‘St. 

Clement of Ohrid’ University in Bitola, Ivo Lola Ribar St, Bitola 

7000, Macedonia, E-mail: pece.mitrevski@uklo.edu.mk. 
2Ilija Hristoski is with the Faculty of Economics at ‘St. Clement of 

Ohrid’ University in Bitola, Ivo Lola Ribar St, Bitola 7000, 

Macedonia, E-mail: ilija.hristoski@uklo.edu.mk. 
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The order is being placed for an exponentially distributed 

time 1/μ, where μ is the firing intensity of the exponential 

transition TReview-Submit-Verify. There are two possible outcomes 

(absorbing states) with this model, i.e. either a successful one, 

when the e-Customer places an order (a token in the place 

PORDER_PLACED) or an unsuccessful one, when the e-Customer 

leaves the virtual store without buying anything (a token in 

the place PEND).   

Five different classes of e-Customers have been defined, 

both qualitatively and quantitatively, using the parameters, i.e. 

the weights of the immediate transitions and the firing rates of 

the exponential transitions within the GSPN model, depicted 

on Fig. 1. These include the classes of the Passionate, the 

Focused, the Reluctant, the Curious, and the Selective e-

Shoppers, arranged in a descending order regarding the 

corresponding conditional probability for a successful 

outcome of sessions (Fig. 2), being estimated by simulations, 

too. The appliance of the Bowman-Shelton test of normality 

has shown that the conditional probability statistically follows 

the Normal distribution, for all classes of e-Customers. It has 

been also concluded that the highest average successful rate 

(0.85264 [s
1

]) is evident for the class of the Passionate, 

followed by the classes of the Focused (0.56816 [s
1

]) and the 

Reluctant (0.19756 [s
1

]) e-Shoppers. Contrary to all 

expectations, the class of the Curious e-Shoppers (0.09893 

[s
1

]) exhibits an insignificant, yet a higher average successful 

rate than the Selective e-Shoppers’ (0.02451 [s
1

]), a fact that 

confirms the previously listed arrangement of e-Customers’ 

classes in a descending order. 

 

BOX & WHISKERS PLOT: THE CONDITIONAL PROBABILITY 

DISTRIBUTION OF SESSIONS' SUCCESSFUL OUTCOME, 

BY e-CUSTOMERS' CLASSES
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Fig. 2. Box & Whiskers plot of the conditional probability 

distribution of sessions’ successful outcome 

 

In addition, eight characteristic operating profiles have 

been defined on the basis of the stochastic GSPN model of the 

operational environment, including the following ones: 

OP#1(100%; 0%; 0%; 0%; 0%), OP#5(20%; 20%; 20%; 20%; 

20%), whilst the rest six of them can be represented by the 

vector (80%; a%; b%; c%; d%), where abcd are combinations 

of class 4, of the values 0 and 10, given a + b + c + d = 20. 

The idea is to carry out evaluations for six other operating 

profiles in which the percentage of the most desirable class, 

i.e. that of the Passionate e-Customers, is 20% less than in the 

OP#1, and also to investigate the impact of the equal 

distribution of the classes within the workload mix. Based on 

these assumptions, an evaluation of the total probability for a 

successful outcome of sessions has been performed, by 

different operating profiles, as a measure of the reliability 

(Fig. 3).  

 

BOX & WHISKERS PLOT: THE TOTAL PROBABILITY DISTRIBUTION 

OF SESSIONS' SUCCESSFUL OUTCOME, BY OPERATING PROFILES
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Fig. 3. Box & Whiskers plot of the total probability distribution of 

sessions’ successful outcome, by various operating profiles 

 

The appliance of the Bowman-Shelton test of normality has 

shown that the distribution of the total probability also follows 

the Normal distribution, for all defined operating profiles. 

III. THE PERFORMANCE SUB-MODEL 

The performance sub-model is a logical extension of the 

reliability model, by including the concept of faults, i.e. 

functional breakdowns. The GSPN reliability model (Fig. 1) 

has been upgraded to the class of Deterministic and Stochastic 

Petri Nets (DSPNs), since it had to include a timeout 

mechanism, i.e. a deterministic transition TTIMEOUT, which 

models the maximum allowed time for staying in the states 

PSEARCH and PCHECKOUT (Fig. 4). The deterministic time is 

always resampled with each consecutive change of the 

marking, according to the race with resampling policy [3]. 

The resulting DSPN performance model of is shown on 

Fig. 4. 

In this particular case, the term ‘fault’ refers to a ‘timing 

failure’, an event that occurs each time the e-Commerce 

system terminates an e-Customer’s session forcibly and 

prematurely, due to his/her inactivity. Such a non-regular 

behaviour of e-Customers can be viewed in a broader context. 

The e-Customer, with his/her non-responsible behaviour 

causes a fault. As a result, the session, as a basic process that 

occurs between the client- and the server-side, has been 

jeopardized in terms of its dependability. Many research 

activities are focused on investigating the origins of such an 

unexpected human behaviour, which can be characterized as a 

human error or human perturbation. All these activities are 

based on the observation that a system’s dependability is a 

direct consequence of the synergy that comes out from the 

interaction between the human and the system. The human 

behaviour that causes faults is one of the most influential 

factors [4] and a main component responsible for systems’ 

functional breakdowns [5]. 

A propos the performance measures, an evaluation of the 

mean session length has been carried out, for various 

operating profiles. Simulations have shown that the mean 
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session length is shortest with operating profiles OP#4 

(254.30 [s]) and OP#8 (254.87 [s]), whilst OP#5 exhibits the 

longest mean session length (324.00 [s]). 

 

 

Fig. 4. A Deterministic and Stochastic Petri Net performance model 

 

Further on, an evaluation of the mean time to a timing 

failure has been accomplished. It is highest with OP#5 

(311.80 [min]), whilst OP#1 (122.07 [min]) and OP#2 (124.55 

[min]) exhibit lowest mean time to timing failure. Finally, the 

mean number of sessions to a timing failure has been 

evaluated, too. It is highest with OP#5 (77.92), which is 

almost as twice as bigger value than with other operating 

profiles’, ranging from 33.40 to 40.40. 

IV. THE AVAILABILITY SUB-MODEL 

The analysis of performability measures has been done in 

two specific cases: i) When the e-Commerce system is 

comprised of a single module (a standard configuration) (Fig. 

5); ii) When, besides the main module, there is an additional, 

redundant, spare, and non-active module, waiting to be 

activated in the case of failure of the main module (cold 

standby configuration) (Fig. 6). The evaluation of 

performability measures has been carried out taking into 

account the following parameters: the mean time to failure 

(MTTF) and the mean time to repair (MTTR). In the case of 

the cold standby configuration, in addition to the previously 

mentioned ones, the mean activation time (MAT) of the spare 

module has been taken into account. The values of all of these 

parameters correspond to the specification of a ‘well managed 

system’ [6]. 

 

 

Fig. 5. A Generalized Stochastic Petri Net availability model            

(a standard configuration) 

 

Fig. 6. A Generalized Stochastic Petri Net availability model            

(a cold standby configuration) 

 

The hierarchical composition approach requires the input 

parameters for both GSPN models (Fig. 5 and Fig. 6) should 

be the total probability for a successful outcome of sessions, 

obtained by solving the reliability sub-model, as well as the 

mean session length, obtained by solving the performance 

sub-model. The following performability measures have been 

evaluated for the two considered configurations, including: i) 

the mean time to an unsuccessful session (Fig. 7); ii) the mean 

number of successful sessions to an unsuccessful one (Fig. 8); 

iii) availability of the e-Commerce system’s configuration. 

Fig. 7 shows that the mean time to an unsuccessful session 

is inversely proportional to e-Customers’ arrival rate, for all 

operating profiles. Its function decreases monotonously from 
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 (for λ = 0 [e-Customers/s]), and asymptotically approaches 

a limit value, which is different and characteristic for each 

operating profile (for λ   [e-Customers/s]). The operating 

profile OP#1, comprised of 100% Passionate e-Customers, 

exhibits the smallest, whilst the operating profile OP#5, where 

all classes of e-Customers are being included equally, exhibits 

the largest mean time to an unsuccessful session. The value of 

the Pearson’s correlation coefficient (0,987) shows that there 

is a statistically significant, yet a negative correlation between 

the mean time to an unsuccessful session and the total 

probability for a successful outcome of sessions. 
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Fig. 7. Mean time to an unsuccessful session, for various operating 

profiles and e-Customers’ arrival rates (0.01 ≤  ≤ 30.0 [s1]) 
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Fig. 8. Mean number of successful sessions to an unsuccessful 

session, for various operating profiles and e-Customers’ arrival rates 

(0.00 ≤  ≤ 30.0 [s1]) 

 

The shape of the mean number of successful sessions to an 

unsuccessful session’s function is logarithmic (Fig. 8). For a 

given arrival rate λ, the operating profile OP#1 demonstrates 

the highest, whilst the operating profile OP#5 yields the 

lowest value of this measure. The simulations have also 

shown that there is no statistically significant variation in the 

values of this measure and the previous one in the case of the 

cold standby configuration. 

Regarding the availability of both configurations, the 

simulations have shown that, in average, the cold standby 

configuration results in slightly more than 1% better 

availability compared to the standard configuration’s one, 

which is equivalent to 89.17 hours additional working time of 

the e-Commerce system, per year. Now it is trivial to estimate 

the number of additional sessions per annum due to increased 

availability, at various arrival rates of e-Customers. Knowing 

the total probability for a successful outcome of sessions, and 

assuming the percentage of participation of various operating 

profiles per annum, it is easy to estimate the annual gain in 

number of successful sessions for each operating profile, 

given a specific arrival rate λ. Finally, if one supposes the 

average profit being made by each successful session, the total 

extra annual profit can be easily estimated, at various arrival 

rates λ. 

V. CONCLUSION 

The hybrid approach to evaluation of performability 

measures of e-Commerce systems, relying on the usage of 

various classes of stochastic Petri Nets (e.g. DSPNs, GSPNs) 

for modeling purposes, as well as the choice to solve such 

models numerically, using a programming language for 

discrete-event simulation based on active processes (e.g. 

SimPy/Python environment), has proven to be extremely 

flexible, efficient, robust, and general by nature. The semantic 

expressing power of stochastic Petri Nets allows a rapid 

prototyping and building predictive stochastic models of 

arbitrary complexity, whilst Simpy/Python offers unlimited 

possibilities to successfully translate the Petri models into an 

executable programming code, useful for assessing arbitrary 

number of output parameters, as a function of a plethora of 

input parameters. 
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Web Services Performance on Commercial Virtual 
Environment (VMware ESX) 

Goran Velkoski1, Sasko Ristov2 and Marjan Gusev3 

Abstract – In this paper, we realize several experiments to test 
the impact of the virtualization technique on web service 
performance. The experiments are realized on the VMware ESX 
commercial virtual environment with two sample web services, 
the first one that is memory demanding only and the second, 
which is both memory demanding and computationally intensive. 
Testing methodology is realized on two different environments: 
host (bare metal) and guest (virtualized) used to share the 
resources with Windows server and Java based web services.  
The overall goal is to find the regions where the performance 
drawbacks that arise due to virtualization are minimal.  
 

Keywords – Virtualization, Apache Tomcat, Windows, JAVA 

I. INTRODUCTION 

The purpose of a virtualization environment is to improve 
resource utilization by providing integrated operating platform 
applications based on heterogeneous and autonomous 
resources aggregation [1]. Virtualization is a popular 
technique especially by being the baseline for cloud 
computing [2]. Most cloud service providers use machine 
virtualization to provide flexible and cost-effective resource 
sharing [3]. Additionally, the multifarious resource demands 
imposed virtualization usage on data centers (DCs) as an 
infrastructure for data storage and deployment platform [4][5].  

There are different levels of virtualization: Full 
Virtualization, Paravirtualization, Operating System-level 
Virtualization, and Native Virtualization [6]. 

Commercial and open source virtualization software 
solutions are owned by some of the most popular ICT 
companies such as VMware, Citrix, Microsoft etc. [7-9]. Each 
virtualization software (VMware Infrastructure, Amazon 
Elastic Compute Cloud – EC2 etc.) operates on top of a layer 
of system software, called hypervisor or VMM (virtual 
machine monitor), inserted between the guest operating 
system and the underlying hardware [10]. 

Several hypervisors occupy all datacenters and cloud 
computing solutions. Most popular are VMware ESXi, KVM, 
Xen, Microsoft Hyper-V etc. [11-15]. 

The additional virtualization layer degrades the 
performance compared to the base system especially for HPC 
clusters [6][16]. In this paper, we analyze the performance of 

two web services hosted in VMware virtual environment and 
measure the performance drawback generated by the 
additional virtualization layer. We conduct series of 
experiments for compute and memory web services (WSs) on 
the same hardware infrastructure hosted on bare metal and 
virtualized environment. We have set the hypothesis that the 
virtualized environment will degrade the WSs performance. 

The rest of the paper is organized as follows. In Section 2, 
we describe the methodology used for testing. The 
experiments and the results are presented and discussed in 
sections 3 and 4. In Section 5, we derive conclusions from the 
results and we present our plans for future work.  

II. THE TESTING METHODOLOGY 

In this section, we present the testing methodology we used 
to produce reliable testing results. We describe the testing 
platform along with the infrastructure setup, and the 
differentiated experiment design and test cases. 

A. Experiment Environment 

The testing environment is based on client-server web 
service architecture. Figure 1 depicts both bare-metal and 
virtualized experiment environments. For experimental 
purposes we setup two distinctive server platforms on the 
same infrastructure that consist of Intel(R) Xeon(R) CPU 
X5647@2.93GHz with 4 CPU cores and 8GB RAM. We use 
an Apache Tomcat 6.0 application server installed on 
Windows Server 2008 to host our Java based WSs named: 
Concat and Sort described in more detail in the next Section 
II.B.  

The difference between the scenarios depicted in Figure 
1(a) and Figure 1(b) is the additional virtualization layer 
which is included only in the virtualization scenario. The 
servers are installed with VMware ESXi 4.1 and a virtual 
machine (VM) instance is instantiated and allocated with 
maximum available resources of the physical machine, i.e., 4 
CPU cores and 8GB RAM. 

The client uses SoapUI [17] to generate server load with a 
different number of concurrent messages with various size. 
The client software is deployed on a different machine 
consisted of the same Intel(R) Xeon(R) CPU X5647 
@2.93GHz with 4 cores and 8GB RAM and placed in the 
same LAN segment with the servers to minimize network 
latency and to assume that the measured SoapUI response 
time is the same as the server response time [18], i.e., the 
network latency can be neglected. 
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Macedonia, E-mail: velkoski.goran@gmail.com.   
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Figure 1. Experiment environments 

B. Experiments and Test Cases Definition 

We use two simple WSs, i.e., Concat and Sort. The former 
is memory demanding WS which accepts two strings and 
returns their concatenation. The latter accepts two strings and 
returns their alphabetically sorted concatenation, which makes 
it computationally intensive beside its memory demands. We 
focus on simple WSs since our goal is not to analyze the 
performance of the real life web services on n-tier application 
where other factors will impact on the performance and 
bottlenecks can appear, but focus only on the virtualization 
impact on the performance. 

We define four experiments in order to achieve the reliable 
comparison, i.e., two web services hosted on two different 
platforms: 

• Experiment 1 – Concat WS on bare metal machine; 
• Experiment 2 – Sort WS on bare metal machine; 
• Experiment 3 – Concat WS on virtualized machine; 
• Experiment 4 – Sort WS on virtualized machine. 

Each experiment executes several test cases, such that each 
test case loads the Apache web server with particular number 
of concurrent messages and their size.  

Each test case runs for 60 seconds. Web servers in VM 
instances are loaded with N messages with parameters size of 
PS kilobytes each, with variance of 0.5, that is, the number of 
messages varies with N/2, starting from N, to 3N/2, and then 
N/2. The range of parameters PS and N is selected such that 
web servers in VM instances work in normal mode without 
replying any error messages. 

Parameter size PS is measured in KB for values 0, 1, 2, …, 
9KB for Concat WS and 0, 1, …, 6 KB for Sort WS. Both 
Concat and Sort WSs are loaded with N = 12, 100, 500, 750, 
1000, 1250, 1500, 1750 and 2000 requests per second for each 
parameter size PS. 

C. Analysis metrics 

In order to compare the WS performance based on the 
response time (RT) measured in milliseconds we introduce the 
Response Time Relation (RTR). We define RTR as a relation 
between measured RT for WSs hosted on bare metal (bm) and 
virtualized platforms (V).  

 
V

bm

RT
RT

RTR =   (1) 

Furthermore, we will use RTR to identify the regions where 
one or the other environment offers better performance for 
memory demanding WS (Concat) and both memory 
demanding and computation intensive WS (Sort). 

III. EXPERIMENT RESULTS 

In this section we present the results of the experiments 
defined previously in Section II.B. Additionally, we analyze 
the results based on both message sizes, and the number of 
concurrent messages’ impact on the WS performance. 

A. Experiment 1 - Concat WS hosted on bare metal machine 

Figure 2 depicts the performance of Concat WS based on the 
measured response time when hosted on bare metal machine, 
for different PS with constant number N, and the opposite, 
constant PS with varying the number of messages N. 

We observe that both input parameters PS and N negatively 
impact to the WS performance, i.e. increasing one of the 
parameter will slightly degrade the Concat WS performance. 
When messages with size of 9KB are used, the response time 
fluctuates because we are near to our setup platform limit. 

B. Experiment 2 - Sort WS hosted on bare metal machine 

Figure 3 depicts how the Sort WS performance depends on 
the input parameters PS and N while hosted on bare metal  
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Figure 2. Concat WS response time on bare metal machine 
 

 

Figure 3. Sort WS response time on bare metal machine 
 

machine. The performance is weighted while one of the 
parameter is constant and the other varies. 

In this experiment, the increase of N results with steeper RT 
growth compared to the increase of PS. This is due to the 
quick CPU usage increase because of the parallel invocation 
of the computation and memory demanding web service. We 
observe that Sort WS has greater response time than Concat 
WS in range of seconds instead of milliseconds for Concat’s 
response time. 
 
C. Experiment 3 - Concat WS hosted on virtual machine 

Figure 4 depicts the performance of Concat WS based on 
measured response time when hosted on ESX powered virtual 
machine. The performance is weighted out based on different 
payload i.e. progressive parameter PS with constant N, and the 
opposite, i.e., constant parameter PS with progressive N. 

We observe that both input parameters PS and N slightly 
impact the Concat WS performance, i.e. increasing one of the 
parameters will slightly degrade the Concat WS performance 
in a virtual environment. 

B. Experiment 4 - Sort WS hosted on bare metal machine 

Figure 5 depicts the results of the test cases in Experiment 
4, i.e., the Sort WS performance while hosted on ESX  

 

Figure 4. Concat WS response time in virtual environment 
 

 

Figure 5. Sort WS response time on virtual machine 
 

powered virtual machine instance. The performance is 
weighted out based on different payload i.e. progressive 
parameter PS with constant N, and the opposite, constant 
parameter PS with progressive N. 

In this experiment, the increase of N results in steeper RT 
growth than the increase of PS. This is also due to the 
increased CPU usage because of the parallel invocation of the 
computation and memory demanding web service.  

IV. DISCUSSION 

In this section we analyze the impact of the virtualization 
on the performance for a particular WS, by varying the 
parameters PS and N. We measure the introduced variable 
RTR for different values of parameters PS and N. 

A. Virtualization Impact on Concat WS Performance 

Figure 6 depicts the comparison of the experiments 1 and 3 
by analyzing the parameter RTR for Concat WS.  

Despite the hypothesis that bare metal environment has 
better performance than virtual, we observe the opposite in the 
most test cases, i.e., the virtualized environment is better for 
the majority of the tests (RTR > 1). Small accidental regions 
when executed using small number of WS invokes are slightly  
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Figure 6. RTR for Concat WS 
below the RTR = 1. By increasing the parameters PS or N the 
value of RTR parameter increases, i.e. the performance of the 
virtual environment increases compared to bare metal. 

B. Virtualization Impact on Sort WS Performance 

This section compares the experiments 2 and 4 by 
analyzing the parameter RTR for Sort WS, as depicted in 
Figure 7. The results are similar as for Concat WS, i.e. the 
virtual environment has better performance in most of the test 
cases. Opposite to Concat WS, the value for RTR for Sort WS 
is constant regardless of the parameters PS or N. We also 
observe some test cases where local extremes exist for RTR 
and RTR < 1. 

V. CONCLUSION AND FUTURE WORK 

In this paper we analyze the performance of memory 
demanding Concat WS and both memory demanding and 
computation intensive Sort WS. A correlation is determined 
between the performance and the input parameters: the 
number of messages and their size. Both web services are 
hosted in two different environments, i.e., the bare metal and 
virtual environment.  

The results show that the performance of both web services 
depends on both of the input parameters. The performance of 
Concat WS slightly decreases compared to the performance of 
Sort WS, for both environments.  

We observed a phenomenon related to the comparison of 
the environments. That is, despite the virtualization layer, 
virtual environment provides better performance for almost 
each test case (each number of concurrent messages and each 
size) for both WSs.  

We will analyze whether this phenomenon appear for other 
web services, WSs, and operating systems. 
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Using Petri Nets to Capture Search Behavior Patterns in 

the Context of Query Reformulation  
Vesna Gega
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 and Pece Mitrevski
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Abstract – In recent years, discovering and understanding 

users’ search behavior attract attention in the research 

community. Different approaches have been proposed for (i) 

learning and modeling how users search, and (ii) predicting 

future users’ search behavior patterns, most of them based on 

statistical analysis and application of data mining techniques on 

a query log data. In this paper we focus on the application of 

Petri Nets on already discovered users’ search behavior patterns, 

where consecutive actions for query reformulation in a single 

user session are considered as transitions. 

 

Keywords – Petri Nets, modeling, search behavior, query log 

data, patterns. 

 

I. INTRODUCTION 

For several decades, the main goal of IR researchers is to 

refine or to develop novel techniques and methods for 

effective or efficient information retrieval [1]. But recently, 

the course has changed – analyzing and understanding users’ 

behavior, learning how to interpret users’ actions and making 

predictions of users’ behavior patterns during the searching 

phase, attract IR researchers’ attention [2], [3]. This means 

that a successful retrieval could be realized by integrating the 

knowledge of how users search, considering users’ interaction 

context [4] and building a users’ behavior model.  

There are plenty of scientific papers that are focused on this 

problem. Despite this fact, we came across difficulties to 

identify a research work which considers users’ search 

behavior (i.e. actions) as transitions. This is the main idea of 

our work, inspired by [5]: to show how Petri Nets, as 

transition based models, can be applied in modeling users’ 

search behavior. 

The rest of the paper is organized as follows. In Section 2 

we present related work in this field. Section 3 represents an 

overview of our contribution. In Section 4 we give some 

conclusions and steps for future work.  

II. RELATED WORK 

To build an effective users’ search behavior model means 

to develop an accurate predictive mathematical model of the 

users’ behavior. Usually, the models are built on analyzing 

query log data [6] formulated in a period of time [7]. Query 

log data are long and complex, but also an important source of 

information about users’ behavior. There are two types of 

query log data: a) data obtained on a client side and b) data 

obtained on a server side. 

In order to study server side log data and to gain knowledge 

of how users search, statistical analysis and application of data 

mining techniques need to be performed. Usually, the 

emphasis is placed on developing models for: discovering 

navigational patterns and explaining typical users’ behavior 

on one hand [8], and on the other hand, predicting next user 

action [9] – both based on analyzing the click-through part 

(history) of the query log file [10].  

The most exploited mathematical models so far are: first 

order Markov models, high-order Markov models and their 

extensions. For example, Baeza-Yates et al. [11] proposed 

three models. First, they built model for the number of clicks 

expected in a session where the number of queries formulated 

is known. Second, they calculated a Markov model of 

transitions in a query session. Third, they calculated a time 

distribution transition model considering times between query 

formulation and document selection. Their work is based on a 

query log data generated by a Chilean search engine called 

TodoCL (www.todocl.cl). Their results show that users 

formulate short queries; select few pages and an important 

proportion of them refine their originally proposed query in 

order to retrieve more relevant documents. Also, they 

illustrated that the query space is very sparse, which means 

that around 80% of the queries are formulated only once. 

Mixture of Hidden Markov Models for modeling users’ 

behavior was postulated by Ypma et al. [12]. Their 

experiments were realized on a one-day log file from a 

commercial web site in the Netherlands in order to cluster the 

users based on their surfing patterns.  

Probabilistic data mining approaches, such as Naïve Bayes, 

Bayesian Belief Network [13] and others [10], are also used in 

order to model and infer user’s intention. The former 

developed a tool that automatically collect user’s log data in 

IE environment, stored as an XML file. In their case, five 

types of user’s actions were recorded: browse, click, query, 

save and close. Their results show that in the case of 

prediction, their proposed model is effective and it is really 

close to the human prediction. 

Users’ search behavior was also examined in the field of 

question answering tasks [2]. Here, the effect of topic 

familiarity and length of answers on users’ search behavior 

was investigated. They showed that users give more accurate 

answers when they are more familiar with a topic. Contrary to 

this, with no topic familiarity, the ability for correct answer 

detection was low. Snippets as a retrievable unit were more 

preferable by the users than full context. But, the length of the 

answer was difficult to establish, because users prefer short as 

1Vesna Gega is with the University for Information Science and 

Technology, Partizanska bb, Ohrid 6000, Republic of Macedonia, E-

mail: vesna.gega@uist.edu.mk.   
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University, Ivo Lola Ribar bb, 7000 Bitola, Republic of Macedonia, 

E-mail: pece.mitrevski@uklo.edu.mk. 
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well as long answers. Also, different numbers of results 

presented were preferred by different users, depending on 

their knowledge level.  

Modeling users’ behavior can be useful and can increase 

search efficiency in the field of personalized search, for every 

user with respect to its type. This is mentioned in the work of 

Pitkow et al. [14]. 

One difficult but interesting issue is modeling users’ 

changing behavior over time. Radinsky et al. [15] developed 

modeling framework adapted from physics and signal 

processing that can be used to predict future time varying 

users’ behavior based on historical data and illustrate dynamic 

nature of search behavior. They are focused on modeling 

behaviors such as changes in query frequencies, clicked URLs 

and query-URL pairs over time, based on Bing query log data. 

The results of their experiments indicate that they achieved 

significant improvements in prediction compared to baseline 

models that weigh historical evidence the same for all queries. 

The Petri Nets [16] as well developed graphical and 

mathematical models were also proposed to describe the 

behavior of users. Kantor et al. [5] have presented fairly poor 

theoretical or conceptual framework, which can describe 

different kinds of actions that may occur during searching 

considered as transitions. Starting from this point, finding it 

interesting and challenging to explore, inspired by this work 

we conduct a research and investigate whether Petri Nets as 

transition based models can be applied in modeling users’ 

search behavior, in order to improve search quality. 

III. USING PETRI NETS TO CAPTURE SEARCH 

BEHAVIOR PATTERNS 

Our study is based on the previous work [6], where a 

survey of many measures used to describe and evaluate the 

efficiency and effectiveness of large-scale search services is 

given. They covered research in six fields and presented rich 

visualizations on the: query space, users’ query sessions, user 

behavior, operational requirements, the content space, and 

user demographics.  

Their analyses are based on large and complex AOL
1
 query 

log file. This file consists of ~20M web queries collected from 

~650k users over three months. It includes the following 

columns:         

1) AnonID - an anonymous user ID number. 

2) Query - the query formulated by the user, case shifted 

with most punctuation removed. 

3) Query Time - the time at which the query was 

submitted for search. 

4) Item Rank - if the user clicked on a result, the rank of 

the item on which they clicked is listed.  

5) ClickURL - if the user clicked on a search result item, 

the domain portion of the URL in the clicked result is 

listed. 

Pass et al. [6] discovered and described the patterns of 

query reformulation as a part of the searching process within a 

single user session. In these patterns, several actions exist: 

                                                 
1
 http://www.aol.com/ 

 A user formulates a new query; 

 A user modifies (refines) a query: 

o add,  

o delete,  

o change word/s in a query; 

 User returns to a previous query; 

 User sees more results for the same query; 

 User ends the session. 

The dynamic nature of Petri Nets indicates that they can be 

accommodated for modeling such real users’ search behavior. 

In this direction, we employ two models in order to capture 

search behavior patterns in the context of query reformulation. 

Each action is presented as a transition, as shown in Table 1. 

TABLE 1 

ALL POSSIBLE TRANSITIONS 

Formulate a new query tFNQ 

See results (first page) tSR 

Return to a previous query tRPQ 

See more results (next page) tSMR 

Modify a query tMQ 

Delete word/s in a query tDWQ 

Add word/s in a query tAWQ 

Change word/s in a query tCWQ 

End the session tES 

 

The first model shown in Fig. 2 is related to simple users’ 

behavior. According to the activity diagram in Fig. 1, first of 

all, the user formulates a new query. After seeing the results 

(usually the first page) the user can: end the search process, 

see more results (usually next page/s), return to a previous 

query, modify (refine) his/her query or ask a new query. 

 

 

Fig. 1. Activity diagram for simple user behavior 

 

In the Petri Net notation, initially, a token appears in the 

input place S and the user places a new search. When the 

transition tFNQ fires it means the user asks a new query, the 

token is removed from the place S and it is placed in the 

output place NQ. Next, the transition tSR fires, so the user 

sees the results for the query asked and the token now appears 
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in the output place R. At this moment, five transitions are 

ready to fire: tES, tFNQ, tRPQ, tMQ, tSMR. Only one 

transition can fire at a time, so depending on the user’s choice, 

the token is removed from place R and appears in output 

place: E if the user wants to end the session, R if the user 

wants to see more results for the same query, PQ if the user 

wants to see results for some previous query, MQ if the user 

wants to modify the query and finally NQ if the user wants to 

ask a new query. This is a recurring process, until the user 

ends the session. 
 

 

Fig. 2. Petri Net for simple users’ behavior 

 

The second model shown in Fig. 4 is related to extended 

users’ behavior. According to the activity diagram in Fig. 3, 

the states are same as those in the simple model, except the 

modification state is replaced with three detected behavioral 

patterns: add word/s, delete word/s and change word/s to an 

existing query.  

Once more, a token appears in the input place S and the 

user places a new search. When the transition tFNQ fires, the 

token is removed from the place S and it is placed in the 

output place NQ. Next, the transition tSR fires, so the user 

sees the results for the query asked and the token now appears 

in the output place R. At this moment, seven transitions are 

ready to fire: tES, tFNQ, tRPQ, tAWQ, tDWQ, tCWQ, tSMR. 

Only one transition can fire at a time, so depending on the 

user’s choice, the token is removed from place R and appears 

in output place: E if the user wants to end the session, R if the 

user wants to see more results for the same query, PQ if the 

user wants to see results for some previous query, +Q if the 

user wants to add word/s to the query, -Q if the user wants to 

delete word/s from the query, CQ if the user wants to change 

word/s to the query and finally NQ if the user wants to ask a 

new query. Yet again, this is a recurring process. 

 

Fig. 3. Activity diagram for extended user behavior 

 

 

Fig. 4. Petri Net for extended users’ behavior 

 

According to the probability matrix built by Pass et al. [6] 

for average series of query formulations within a single user 

session, 42 transitions from a state to a state are possible, but 

the following most probable users’ behavior patterns can be 

revealed: 

1. When a token appears in the place NQ, it means that 

the transition tFNQ has already been fired and a new 

query is asked. Next, a token appears in the place R, 

which means the transition tSR is fired and user sees 

results for the new query. After this, the user starts a 

new search, the transition tFNQ is fired and a token is 

placed in the place NQ again. 

{  }
   
→ { }

    
→   {  } 
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2. When a token appears in the place -Q, it means that the 

transition tDWQ has already been fired, so some 

word/s from the query was/were deleted. Next, a token 

appears in the place R, which means the transition tSR 

is fired and user sees results for the modified query. 

After this, the user starts a new search, the transition 

tFNQ is fired and a token is placed in the place NQ. 

{  }
   
→ { }

    
→   {  } 

3. When a token appears in the place CQ, it means that 

the transition tCWQ has already been fired, so some 

word/s from the query was/were changed. Next, a 

token appears in the place R, which means the 

transition tSR is fired and user sees results for the 

modified query. After this, the user changes the query, 

the transition tCQ is fired and a token is placed in the 

place CQ again. 

{  }
   
→ { }

   
→ {  } 

4. When a token appears in the place +Q, it means that 

the transition tAWQ has already been fired, so some 

word/s was/were added to the query. Next, a token 

appears in the place R, which means the transition tSR 

is fired and user sees results for the modified query. 

After this, the user changes the query, the transition 

tCQ is fired and a token is placed in the place CQ. 

{  }
   
→ { }

   
→ {  } 

5. When a token appears in the place R, it means that the 

transition tSR has already been fired, so the user sees 

results for a query. Next, a token appears in the place R 

again, which means the transition tSMR has already 

been fired and the user wants to see more results for 

the same query. 

{ }
    
→   { } 

6. When a token appears in the place PQ, it means that 

the transition tPQ has already been fired, so the user 

returns to a previous query. Next, a token appears in 

the place R, which means the transition tSR is fired and 

user sees results for a previous query. After this, the 

transition tSMR is fired and a token appears in the 

place R again. It means that the user wants to see more 

results for the previous query. 

{  }
   
→ { }

    
→   {R} 

IV. CONCLUSIONS AND FUTURE WORK 

We have proposed a Petri Net modeling approach for 

describing existing users’ search behavior in the context of 

query reformulation. In this work, we have presented all the 

identified actions in a query reformulation stage (as a part of 

the searching process within a single user session) as 

transitions.  

Detailed experimentation and further investigation is 

scheduled in order to provide effective characterization and 

modeling of real users’ search behavior with the help of the 

Petri Nets formalism. In order to evaluate several performance 

metrics, e.g. the number of clicks during the course of a query 

session, the distribution of time between query formulation 

and document selection, etc., we will employ the class of 

Generalized Stochastic Petri Nets (GSPN) [17], where 

immediate transitions have firing weights, timed transitions 

have exponentially distributed firing times, and the underlying 

stochastic process is a Continuous Time Markov Chain 

(CTMC). We hope that this work will motivate further 

research in this area. 
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Dataflow Computing: A Trend in HPC 
Nenad Anchev1, Blagoj Atanasovski2, Sasko Ristov3and Marjan Gusev4 

Abstract –There are several approaches used for high 
performance computing. One is a computer cluster of tightly 
connected computers linked over a LAN to appear as a single 
system. Another one is Grid computing as a federation of loosely 
coupled computer resources from multiple locations to be used 
when needed. A number of problems exist that the von Neumann 
principle of control flow yields poor results compared to a data 
flow implementation of the same problem. Recent advances in 
the area of creating accessible dataflow engines give us a reason 
to revisit this idea. In this paper, we give an overview of current 
available computing types for high performance and compare 
their usability for certain problems against a dataflow 
implementation that uses FPGAs. 
 

Keywords –HPC, Data flow, FPGA, Grid 

I. INTRODUCTION 

There is an age old philosophical question, does technology 
drive the development of society or is it the other way around. 
In a similar way in the computing world we can pose the same 
question, does the increase in computing power and 
innovation of how computing is done leads to processing and 
storing more data and work with more information or does the 
need to process and derive more information from the 
available data push the limits of innovation and results in 
more and more powerful computers. Either way all can agree 
that the amount of data processed every day is on a steep rise. 
The limits on the data setssize that are feasible to process in a 
reasonable amount of time were on the order of Exabyte [1].  

Common knowledge taught as early as undergraduate 
students in their first courses of Computer Architecture is the 
rate at which computing speed and memory speed have 
increased through time is very unbalanced. This has resulted 
in creating solutions ranging from changing the inside 
CPUarchitecture to use prefetching and caching, through 
optimizing compilers for optimal reordering up to developing 
entire paradigms for programming. To handle the amounts of 
big data the possibilities of dataflow computing, which has the 
data at its focus, should be taken in consideration.  

In this paper we give an overview of dataflow computing, 
compare it to other established HPC approaches and a way to 
make it feasible. 

II. COMPARISON OF HPC PLATFORMS 

The mentioned platforms in this section are not different in 
their computational architecture (except the GPUs) but more 
or less in their organization and connection, on how the data is 
transferred to the computing elements and the results gathered 
after the computing is done. We cover the characteristics of 4 
established HPC approaches: cluster, grid, cloud and general 
purpose GPU computing. 

A. Computer Clusters 

A form of distributed system consisting of a set of 
interconnected working and available computing nodes 
(computers) connected with a local network. The activities of 
the nodes are controlled by a special software middleware 
layer that is present on all the nodes allowing the system to be 
perceived as one cohesive computing unit. Computer clusters 
rely on a centralized management approach in contrast to grid 
computing. Typically clusters use the same or similar types of 
machines, they are tightly coupled and use dedicated network 
connections, share resources as a common home directory and 
use an MPI implementation for passing messages between 
nodes. [2]  

The benefits are the low cost, complexity for configuring 
and operating them because of the off-the-shelf components 
that can be added as needed, which helps with the elasticity 
required to add or remove resources proportional to the 
workload. Tightly coupled clustersconnected with high speed 
networks are optimized to create supercomputers. The 
benefits of low cost and elasticity are those compared to 
buying monolith supercomputers where many processors are 
connected on an ultra-speed bus. Figure 1 depicts a Beowulf 
cluster, a model created by identical nodes from commodity-
grade hardware networked in a LAN. 

The programming model relies on the use of MPI for using 
parallelism, sending and gathering messages. Programs 
created for a single processor must be rewritten to include the 
MPI directives, but are simpler than creating programs for a 
custom supercomputer operating system. 

B. Grid computing 

The federation of computer resources from multiple 
locations to reach a common goal. The name is an analogy of 
the electrical power grid. It can be thought of as a distributed 
system similar to cluster computing whose nodes are more 
loosely coupled, heterogeneous and dispersed on distant 
locations. The idea is to create parallel computing based on 
complete computers connected to a private or public network 
via standard interfaces instead of the approach of traditional 
supercomputers. 

1Nenad Anchev is with the University Sts Cyril and Methodius,
Faculty of Computer Science and Engineering,RugjerBoshkovikj 16,
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Figure 2. Processing flow on CUDA[3] 
 
The idea of dataflow computing has been hindered for 

decades by the success of the supercomputers. The drawbacks 
of dataflow computing, namely the specialized hardware 
needed for every different program, instead of the 
programmable nature of the control-flow computers, meant 
that dataflow computing was unfeasible compared to control 
flow computing. 

With the appearance of field programmable gate arrays, the 
idea for dataflow computing was given a rebirth. The FPGAs 
property of “reprogrammable hardware” was crucial for the 
rebirth of this idea. 

So, let’s compare the two paradigms. On one side we have 
the well-known control flow architecture, CPU and main 
memory, connected with a bus. Memory is filled with 
instructions from a compiled program written in some 
programming language (control logic), and application input 
data. During the execution of a program, instructions and data 
are being transferred to the processor and being executed. The 
output data is then returned back to the memory. The data-
flow architecture with FPGAs (Maxeler) works as follows: 
First, a data-flow code is being written. The code is compiled 
to a configuration file, which describes the way in which 
FPGAs are configured. Then the FPGAs are configured, and 
they are ready to do the computing, as soon as data arrives in 
them. In the execution part, input data is streamed into the 
dataflow engine, the engine does all the computation 
according to the configuration, and the output is streamed 
back to the memory. 

As we can notice, in dataflow computing there is no 
instruction stream (program code) in the stage of execution. 
Instead, instructions are “written” on the FPGA at the 
compilation stage. This is the main advantage of the data-flow 
computing, as it gets rid of all the problems associated with 
the “unpredictable” instruction stream, so all the techniques 
for resolving these problems in modern processors become 
obsolete. This is one of the main contributors for the achieved 
speedup, compared to control flow architectures. 

The other obvious advantage of this technology is the high 
level of optimization and fine tuning that an FPGA allows. 
Here we are not limited by the bottlenecks of modern 

computers, and we have a relatively greater degree of freedom 
in “programming” our own hardware, allowing us to boost 
performance and speedup algorithms many times. However, 
this can be also viewed as a drawback. Dataflow 
programming and FPGA configuration is a relatively new 
paradigm, which requires a different way of thinking and 
coding, and very few people are able to successfully program 
dataflow logic. 

The only major bottleneck in dataflow computing is the 
transfer of data streams onto, and from the dataflow engine. 
As Maxeler dataflow engines have to be attached to a regular 
computer via PCI Express bus, data transfer rates are limited. 
This bottleneck reduces the usability of dataflow engines only 
for compute intensive algorithms, with small I/O. 

Another bottleneck of the dataflow computing, which 
comes from the immaturity of the FPGA technology, is the 
low working frequency of the FPGAs, which currently is in 
the range of 200MHz. This is 10 times lower compared to 
modern processors, which slightly lowers the potential of 
speedup at dataflow engines. However, this may be also seen 
as an advantage, as power consumption is much lower at these 
frequencies than at the GHz order at the modern processors. 
Maxeler states that power consumption per computation is 30 
times lower at their technologies compared to standard control 
flow multiprocessor. With the advance of the FPGA 
technology, working frequencies may be increased, but the 
power consumption is still predicted to be lower than 
conventional computers. 

IV. DATAFLOW PROGRAMMING 

The dataflow computing platform, as a computing platform, 
was already presented in the previous section. Here we are 
going to present the dataflow platform as a programming 
paradigm. As we mentioned in the previous section, dataflow 
computing lacks the existence of instructions as defined in the 
well-known computer architectures. Instead, we are 
configuring FPGAs to manipulate the input data streams, and 
produce the output stream. The code is compiled similarly, but 
the lowest level of code here describes the configuration of 
the FPGAs, which are then being “programed” to solve the 
particular problem. After the configuration is finished, the 
dataflow engine may be running, when the input data streams 
are provided. Here, we are going to describe the programming 
paradigm of a particular dataflow implementation, Maxeler’s 
dataflow engines. 

Maxeler offers a specialized Java-like programming 
language for dataflow engine programming. It offers a 
modified Eclipse IDE, MaxCompiler which compiles the 
high-level programming code down to FPGA configuration 
files, and MaxelerOS, which has the task to deal with the 
FPGA configuration, and communication of the dataflow 
engine with the host computer. Except for the Java-like 
dataflow code, a C code is required for the host part. The C 
code has the task to transfer data to, and from the dataflow 
engine, and possibly do some minimal computation to avoid 
being idle while the dataflow engine does the bulk of the 
computation. 
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Abstract – It is much more difficult to guarantee QoS in 

MANETs than in other types of networks – the topology changes 

as the nodes dynamically move and network state information is 

generally imprecise. This requires extensive collaboration 

between the nodes, both to establish the route and to allocate 

resources necessary to provide the required QoS conditions. This 

article addresses some of the QoS models that can be used for 

data transmission between mobile apps that use ad-hoc 

networking. The focus is on QoS routing, as well as issues like: 

limited availability of resources, insecure transmission medium, 

QoS provisioning, security features, etc. 
 

Keywords – MANET, Routing Protocols, QoS models, Mobile 

Communications, QoS Provisioning. 

 

I. INTRODUCTION 

Mobile networking is one of the most important 

technologies supporting pervasive computing. Taking into 

account that, in the past 10 years, advances in both hardware 

and software have resulted in mobile hosts and wireless 

networking, created the need of distinction between the 

approaches that are taken in order to consider valuable 

advantages and disadvantages of different aspects on the 

wireless communication, together with QoS issues [2, 12] that 

affect this area of mobile networking.  

As an infrastructureless approach [3], MANET (Mobile 

Ad-hoc NETwork) [1] is a type of network that can change 

locations and configure itself “on-the-fly”. It can also be 

defined as a collection of independent wireless nodes that can 

dynamically form a network in order to exchange data without 

using any pre-existing fixed network infrastructure [4]. 

MANET is a distributed network that does not require 

centralized control, and every host works not only as a source 

but also as a router. This type of dynamic network is very 

useful for e.g. military communications or emergency search 

and rescue operations, where the rescue teams do not have 

access to an infrastructure-based network. The nodes that 

make up the network at any given time communicate through 

each other in order to exchange packets of information. In this 

way every node can establish a connection to every other 

node. The available bandwidth depends on the neighboring 

traffic status, as does the delay. Due to this characteristic, 

supporting QoS cannot be done by the host itself and 

cooperation from the hosts within a node’s interference range 

is needed. This requires an innovative design to coordinate the 

communication among the neighbors in order to support QoS 

in MANETs. 

In this paper, the fundamental problems of QoS models in 

ad-hoc networking are described by giving related research 

background, including the concepts, features, status, and 

applications of MANETs in different situations. Special 

attention is paid to QoS routing, which includes the network 

layer routing strategy of MANET. The paper covers the main 

challenges of supporting QoS in ad-hoc networks together 

with reservation of network bandwidth in order to guarantee 

the specified delay for real-time application data flows. 

Furthermore, QoS models are tested on a couple of 

commercial Windows Phone applications that support ad-hoc 

networking in order to define the main issues that concern 

QoS in this kind of networking. 

Finally, the paper concludes with the main characteristics 

and properties of existing QoS models in ad-hoc networks, i.e. 

their behavior and applicability in real life scenarios. 

II. BACKGROUND 

A. Main concept of QoS in MANET 

The notion of QoS, as mentioned before, is a guarantee by 

the network to satisfy a set of predefined service performance 

constraints for the user in terms of end-to-end delay statistics, 

available bandwidth, probability of packet loss etc. This 

means that enough network resources must be available 

during the service invocation to honor the guarantee. The first 

essential task is to find a suitable path or route [5], through the 

network between the source and destination(s) that will have 

the necessary resources available to meet the QoS constraints 

for the desired service. The task of resource (request, 

identification) and reservation is the other required ingredient 

of QoS. By QoS routing, we mean both these tasks together. 

Let us assume a situation like the one presented in Fig. 1, 

where the numbers next to the links represent their respective 

bandwidth (Mbps). In order to minimize the delay and better 

use network resources, minimizing the number of 

intermediate hops is one of the principal objectives in 

determining suitable routes. However, we suppose that the 

packet flow from A to E requires a bandwidth guarantee of 3 

Mbps. QoS routing will then select route A–B–C–E over route 

A–D–E, although the latter has fewer hops. 

Different types of service (e.g., voice, live video, document 

transfer) have significantly different objectives for delay, 

bandwidth and packet loss. Determining the QoS capability of 

1Trajche Kocev is a student at the Faculty of Technical Sciences, 

St. Clement Ohridski University, Ivo Lola Ribar bb, 7000 Bitola, 

Republic of Macedonia, E-mail: trajce90@yahoo.com. 
2Pece Mitrevski is with the Faculty of Technical Sciences, St. 

Clement Ohridski University, Ivo Lola Ribar bb, 7000 Bitola, 

Republic of Macedonia, E-mail: pece.mitrevski@uklo.edu.mk.  
3Tome Dimovski is with the Faculty of Technical Sciences, St. 

Clement Ohridski University, Ivo Lola Ribar bb, 7000 Bitola, 

Republic of Macedonia, E-mail: tome.dimovski@uklo.edu.mk. 
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candidate links is not simple for such scenarios, and for 

multicast services the difficulties are even larger. We have 

already noted that the route computation cannot take “too 

long.” Consequently, the computational complexity of route 

selection criteria must also be taken into account. More than 

one QoS constraint often make the QoS routing problem NP 

complete [6]. Suboptimal algorithms such as sequential 

filtering are often used, especially for large networks, where 

an optimal path based on a single primary metric (e.g., 

bandwidth) is selected first, and a subset of them are 

eliminated by optimizing over the secondary metric (e.g., 

delay), and so on, until all the metrics have been taken into 

account. A random selection is made if there is still more than 

one choice after considering the network throughput as the 

last metric. All remaining the same, as long as the QoS 

constraints are satisfied, the same route is used for all packets 

in the flow. Once a route has been selected for a specific flow, 

the necessary resources, (bandwidth, buffer space in routers, 

etc.) must be reserved for the flow. These resources will not 

available to other flows until the end of this flow.  

 

 

Fig. 1. Basic concept of QoS in Mobile Ad-Hoc Network 

 

Consequently, the amount of remaining network resources 

available to accommodate the QoS requests of other flows 

will have to be recalculated and propagated to all other 

pertinent nodes as part of the topology update information. 

Minimization of routing updates is a principal objective of 

network engineering, because routing updates consume 

network bandwidth and router CPU capacity. The frequently 

changing of routes could increase the delay gap experienced 

by the users. This objective is extremely difficult to attain in 

ad-hoc wireless networks because of involuntary network 

state changes as nodes join or depart, traffic often vary, and 

link quality swings dramatically. To accommodate real-time 

traffic needs such as voice or live video, both the overall delay 

and delay variance must be kept under a certain bound which 

is accomplished primarily by minimizing as far as possible the 

number of hops, or intermediate routers, in the path. With 

potentially unpredictable topology changes in an ad-hoc 

network, this objective is difficult to attain. QoS routing being 

dependent on the accurate availability of the current network 

state, we briefly consider the nature of such information. The 

first is the local state information maintained at each node, 

which includes queuing delay and the residual CPU capacity 

for the node, as well as the propagation delay, bandwidth, and 

some form of cost metric for each of its outgoing links.  

The totality of local state information for all nodes 

constitutes the global state of the network which is also 

maintained at each node. The instantaneous network 

connectivity is part of the global state information. While the 

local state information may be assumed to be always available 

at any particular node, the global state information is 

constructed by exchanging the local state information for 

every node among all the network nodes at appropriate 

moments. The process of updating the global state information 

is also loosely called topology updates [7], and as we have 

seen already, may significantly affect the QoS performance of 

the network. The global state update may be done by 

broadcasting the local state of each node to every other node 

(link-state protocol), or by exchanging suitable distance 

vector information among adjacent nodes only (distance-

vector protocol). Since topology updates throughout the 

network cannot happen instantaneously, the global state 

information may only be an approximation of the true current 

network state. For ad-hoc networks with highly mobile nodes, 

the global state information may never be accurate. 

B. QoS Routing 

Three distinct route-finding techniques are used for 

determining an optimal path satisfying the QoS constraints. 

These are source routing, destination routing, and 

hierarchical routing. In source routing, a feasible path is 

locally computed at the source node using the locally stored 

global state information, and then all the other nodes along 

this feasible path are notified by the source of their adjacent 

preceding and successor nodes. In destination or hop-by-hop 

routing, the source and the other nodes are involved in path 

computation by identifying the adjacent router to which the 

source must forward the packet associated with the flow. 

Hierarchical routing, as the name suggests, uses the 

aggregated partial global state information to determine a 

feasible path using source routing where the intermediate 

nodes are actually logical nodes representing a cluster [8].       

Flooding is not an option for QoS routing, except for 

broadcasting control packets under appropriate circumstances 

(e.g., at the start of a route discovery process).The exchange 

of control packets should receive higher priority than user data 

packets in a network designed for QoS. Except for instances 

of “thin” low-traffic (relative to the network capacity) 

networks, control packets should receive preemptive priority 

over user data packets. Second, the QoS policy may allow 

different priorities to exist even among different flows of user 

packets. Clearly, in accommodating packets with preemptive 

priorities, the network may not be able to preserve the QoS 

guarantee for ordinary flows. 

Handling of user data with multiple priorities presents 

difficulties as well. When a user requests QoS with a certain 

priority, the network first needs to authenticate such a request 

by exchanging appropriate control packets (too many 

authentication requests, by themselves, may degrade the 

operational performance of a large QoS network). Next, the 

network must find a route with the requested QoS for a higher 

priority against all other flows with lesser priority, even if 

they are allocated identical QoS parameters in all other 

respects. In heavy traffic situations, guaranteeing QoS for 

lesser priority traffic may be extremely difficult or impossible. 

The development of QoS routing policies, algorithms, and 
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protocols for handling user data with multiple priorities is also 

an open area. 

III. QOS ROUTING IN AD-HOC NETWORKS 

The basic concepts of QoS routing discussed in the 

previous section constitute the foundation for QoS routing for 

ad hoc networks as presented in Fig. 1. We assume that each 

node carries a unique identity recognizable within the 

network. Then we assume that we have the existence of all 

necessary basic capabilities, such as suitable protocols for 

medium access control and resource reservation, resource 

tracking, and state updates. Each node periodically broadcasts 

a beacon packet [9] identifying the QoS characteristics, 

allowing each node to learn of its adjacent neighbors (i.e., 

with which it can communicate directly). The beaconing 

mechanism lies at the heart of ad-hoc networking, for 

otherwise a node will not even know its adjacent neighbors 

which change dynamically in an ad-hoc network. The 

knowledge of adjacent neighbors is, of course, indispensable 

for routing in MANETs.  

Two routing techniques are used in both limited to 

combinatorial stable QoS-preserving networks. One is based 

on the availability of only local state information, and the 

other assumes possibly inaccurate knowledge of global states. 

When an existing feasible route becomes unavailable, a new 

feasible path is determined, and the flow is rerouted to the 

new feasible path. During the interval immediately following 

the disappearance of the existing path and the establishment of 

the new route, data packets are sent as best-effort traffic. For 

QoS routing using only the local state information, there are 

two different distributed routing algorithms, the so-called 

source-initiated routing and destination-initiated routing. 

Both rely on the use of probe packets [10] with appropriate 

nodal identity and QoS information in identifying a feasible 

route with the desired QoS characteristics. The probe packets 

are sent by the source and intermediate routers using a form of 

flooding. Various workarounds are considered in order to 

avoid the penalties of flooding, and the advantages of 

destination-initiated routing over the other methods 

established under certain conditions. 

Multiple mechanisms are considered for QoS-preserving 

QoS routing by detecting broken routes and then either 

repairing the broken route or rerouting the flow on an 

alternate route with the desired QoS. The likelihood of QoS 

violation is reduced further by using redundant routes of 

various kinds. A broken route is detected by using the 

beaconing protocol for detecting adjacent neighbors. Consider 

Fig. 3. If node B determines that C is no longer its neighbor 

because the link between B and C (in red) is broken, it may 

attempt to repair the route by finding another node E such that 

by replacing segment B–C with segment B–E–C, the QoS 

requirement is satisfied between the source S and the 

destination D. If no such route segment can be found, B 

notifies the source that the route is broken. Depending on the 

network policy, B may send the notification of route 

unavailability to S without attempting to repair the route. 

When the source receives the notification of route 

unavailability, it seeks an alternate route with the same QoS 

characteristics, as shown in Fig. 3. The unusable route is 

shown in red, and the new alternate route is shown in blue. If 

such a route can be found, the flow is rerouted to it after the 

necessary route updates among the pertinent nodes.   

 

 

Fig. 2. Route repair 

 

 

Fig. 3. Alternate routing 

 

The existence of the QoS route between a source-routing 

with imprecise information by sending suitably constructed 

control packets, called refresher packets [11] from the 

destination back to the source. If such a packet fails to arrive 

within a predetermined timeout interval, the QoS route is 

changing. This also accommodates the failure declared 

unavailable and the associated resources released. In order to 

reach various unavailability notifications to their intended 

recipients additional timeout mechanisms are used. Multiple 

redundant routing mechanisms are also considered for 

minimizing the likelihood of QoS violation due to route 

failures (Fig. 4). 

 

 

Fig. 4. Redundant routing 

 

At the highest level of redundancy, multiple alternate routes 

with the same QoS guarantee are established for the flow, and 

are used simultaneously. The alternate routes should be 

preferably disjoint, although this may not always be possible. 

Duplicate packets are discarded at the destination. At the next 

lower level of redundancy, the routes and associated resources 

are reserved and rank ordered, but not used unless the primary 

route fails, or the first choice for the alternate route fails while 

the primary is unavailable, and so forth. When not in use for 

the QoS-guaranteed flow, the alternate route is used to carry 
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best efforts packets. At the lowest level of redundancy, only 

the route is identified; no resource is reserved. When the 

primary path fails, the alternate paths are checked to 

determine whether the necessary resources are still available. 

Rerouting is initiated if none of the alternate routes are found 

to be able to support the desired QoS.  

IV. REAL-WORLD APPLICATIONS –  

“SPLENDOR” VS. “SKYE BANK” 

The project called “Splendor” is a Global Natural Disaster 

Center which is used to share geolocation information of the 

people that are experiencing a Global Natural Disaster. The 

“Skye Bank” project, on the other hand, is used for accessing 

the bank accounts of the users and making transactions from 

one account to another. Both solutions are mobile applications 

that use ad-hoc networking and implement QoS routing 

protocols mentioned above. These apps are written for the 

Windows Phone platform and they implement source-initiated 

routing and destination-initiated routing in order to achieve 

communication in changing mobile ad-hoc environment. Fig. 

5 shows the main concept of Ad Hoc networking in 

“Splendor”, while Fig. 6 shows the concept on which the 

“Skye bank” mobile application is based. When the user starts 

the Splendor mobile application he/she gets the current 

position on a map, together with the latitude and longitude. 

This Windows Phone mobile application is able to establish 

ad-hoc communication with other Windows Phone mobile 

devices that have the same app. It also uses infrastructureless 

concept and hierarchical routing in order to send a short 

“SOS” message for help over other mobile applications/ 

devices that are in the vicinity of the disaster area in order to 

save people that are located nearby. The data are shown on a 

website [11] (on a map) and the rescue teams can react on- 

time in order to save as many human lives as possible.  

 

 

Fig. 5. The main concept of ad-hoc networking in “Splendor” 

 

“Skye Bank” is an app that enables to the user to check 

bank accounts’ balance and make transaction in situation 

where there is no centralized network. It uses redundant 

routing and advanced algorithms for enabling security in order 

to enable high level of QoS. The concept is shown on Fig. 6. 

 

Fig. 6. The main concept of ad-hoc networking in “Skye Bank” 

V. CONCLUSION 

In this research paper we tried to give an overview and to 

analyze the fundamental issues and key problems that affect 

QoS and routing models in MANETs. Then, some real-world 

applications that use ad-hoc communication, which we 

implemented for the Windows Phone platform, were 

presented together with centralized and decentralized 

infrastructure. 

Mobile ad-hoc networking alongside QoS routing are one 

of the most important and essential technologies that support 

the future pervasive computing paradigm. Much work remains 

to be done on cost-effective implementation issues to bring 

the promise of ad hoc networks within the reach of the public.  
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 Cloud Solutions for Bug Reporting

Pano Gushev1, Ana Guseva2, Sasko Ristov3 and Marjan Gusev4

Abstract—Bug reporting software deals with software bugs
and helps the overall software development process. Most of the
existing solutions are free and self-hosted oriented. A prospective
user should implement a new version on its own server, whenever
a software project is about to start. A cloud oriented solution
solves the problems that are initiated with enabling an efficient
environment, by setting only one implementation and on demand
usage with centralized access. Each upgrade or a new version
is then automatically distributed to all users. In this paper we
overview recent trends in cloud solutions for bug reporting.

Index Terms—Bug reporting; Ticket tracking; Issue tracking;
Software Engineering; Cloud computing; Software as a Service.

I. INTRODUCTION

Program testing can be used to show the presence
of bugs, but never to show their absence!
Edsger Dijkstra [1]

Writing software has evolved into a sophisticated software
engineering profession. Most demanding trends address the ef-
forts to maximize the software quality and the creation process.
Bugs are those software malfunctions, which define an aspect
of a quality, defined via various parameters, like measurable
quantity of categorized bugs, customer satisfaction, etc.

Bug reporting software is a basic tool for communication
between the supplier and customer. A simple analysis shows
that each software development company uses a kind of a
bug reporting software, to improve communication to the cus-
tomers, having a direct impact on the quality of the software.
It can also be used inside the company for the realization of
internal processes.

Some of the web-based bug reporting systems were
launched in the late 90’s. Today, there are a lot of open source
bug reporting systems, which companies can download and
install on their servers (Self-Hosted). These systems can be
developed in different frameworks, so the companies must
have the appropriate hardware and software architecture to
use them. A lot of them have a rather complex installation
process, so the company needs to employ an educated person
with sufficient knowledge of the framework used or sufficient
experience in installing such a system. It also includes new
costs, like maintenance of the system, which requires human
involvement. The idea of cloud enabled bug reporting solution

1 P. Gushev is with Innovation Dooel, Vostanichka 118-18, 1000 Skopje,
Macedonia from 2008, Email: pano.gushev@innovation.com.mk
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4 M. Gusev is with University Ss Cyril and Methodius, Faculty of Computer
Science and Engineering from 1989, Rugjer Boshkovik 16, PO Box 393, 1000
Skopje, Macedonia, Email: marjan.gushev@finki.ukim.mk

is not new, but there are still not enough fully developed
cloud solutions. In this paper we give an overview of the basic
concepts for realization of a cloud bug reporting solution, and
present relevant architecture and design issues.

Companies can benefit if they migrate their bug reporting
systems onto the cloud since it offers a good resource flexi-
bility and scalability, storage, computational requirements and
network access, and most importantly, lower cost. The Cloud
lowers the disk space requirements and enables the latest
software versions and monitoring of the installation progress
in each of the cloud service models.

A careful consideration should be taken when migrating
onto a cloud, especially about deployment model and service
layers. The cloud architecture offers a solution for each cloud
service layer from IaaS (Infrastructure as a Service), PaaS
(Platform as a Service) to SaaS (Software as a Service). In
this paper we analyze relevant issues for cloud hosting and
use infinite cloud resources dynamically to reduce the costs
and to provide better performance.

The rest of the paper is organized as follows. Section II
presents related work to the cloud computing issues and bug
reporting essential concepts. The challenges of a modern bug
reporting system and its architecture are presented in Section
III, along with the bug reporting cloud solution software
engineering. We discuss the benefits of the cloud bug report-
ing solution and compare several existing architectures and
organizations in Section IV. The final Section V is devoted to
conclusion and future work.

II. RELATED WORK

Bug reporting plays an important role in the testing envi-
ronment of a software project.

Bertolino and Marchetti [3] observe that testing is a crucial
part of the software lifecycle, and recent trends in software
engineering provide evidence of the importance of this activity
during the development process. Testing activities have to
start already at the requirements specification stage, with
early planning of test strategies and procedures, and propagate
down, with derivation and refinement of test cases, along these
various development steps, starting from the code-level stage,
at which the test cases are eventually executed, and even after
deployment, with logging and analysis of operational usage
data and customers reported failures.

A lot of bug reporting systems have been developed until
now, like Bugzilla [6], Bug Tracker .NET [21], Eventum [26],
FogBugz [7], Fossil [27], Jira [10], Mantis [23], OTRS [25],
Pivotal Tracker [22], Rally Community Edition [5], Redmine
[8], Request Tracker [24], Team Foundation Server [9], The
Bug Genie [28], Trac [4], Unfuddle [11], WebIssues [29]. Most
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of them integrate an issue tracking software or built add-on
features, like wikis, on-line collaboration, etc.

An extensive overview and comparison of bug reporting
systems or issue tracking systems may be found on Internet,
or in relevant literature [12], [13] etc. Deeper analysis and
bug classification is reported by Zaman et al. [14], or Lal and
Sureka [13], etc. However, there is no study that covers cloud
aspects of the bug reporting solutions.

III. CLOUD BUG REPORTING ARCHITECTURE

Cloud computing refers to both the applications delivered
as services over the Internet and the hardware and systems
software in the data centers that provide those services [15].

Fuhrt and Escalante [16] consider that cloud computing can
be defined as a new style of computing in which dynam-
ically scalable and often virtualized resources are provided
as services over the Internet. Cloud computing has become
a significant technology trend, and many experts expect that
cloud computing will reshape information technology (IT)
processes and the IT marketplace. With the cloud computing
technology, users use a variety of devices, including PCs,
laptops, smartphones, and PDAs to access programs, storage,
and application-development platforms over the Internet, via
services offered by cloud computing providers. Advantages
of the cloud computing technology include cost savings, high
availability, and easy scalability.

The underlying technologies of cloud computing have been
in use in some kind of form for decades [17]. For example,
virtualization, arguably the biggest technology driver behind
cloud computing is almost 40 years old. Virtualization has a
long history, starting in the mainframe environment and arising
from the need to provide isolation between users [18]. Modern
computers are sufficiently powerful to use virtualization to
present the illusion of many smaller virtual machines (VMs),
each running a separate operating system instance [19].

Figure 1, adapted from Voas and Zhang [20], shows six
phases of computing paradigms, from dummy terminals/main-
frames, to PCs, networking computing, to grid and cloud com-
puting. In phase 1, many users shared powerful mainframes
using dummy terminals. In phase 2, stand-alone PCs became
powerful enough to meet the majority of users’ needs. In phase
3, PCs, laptops, and servers were connected together through
local networks to share resources and increase performance.
In phase 4, local networks were connected to other local
networks forming a global network such as the Internet to
utilize remote applications and resources. In phase 5, grid
computing provided shared computing power and storage
through a distributed computing system. In phase 6, cloud
computing further provides shared resources on the Internet
in a scalable and simple way. Comparing these six comput-
ing paradigms, it looks like cloud computing is a return to
the original mainframe computing paradigm. However, these
two paradigms have several important differences. Mainframe
computing offers finite computing power, while cloud comput-
ing provides almost infinite power and capacity. In addition, in
mainframe computing dummy terminals acted as user interface

Fig. 1: Six Computing Paradigms

devices, while in cloud computing powerful PCs can provide
local computing power and cashing support.

Companies can choose between two types of bug reporting
systems: Self-Hosting and Cloud computing solutions.

Most of the bug reporting software solutions are build for
self-hosting, meaning that the software supplier is required to
install it on its own server. If self-hosting is realized on a rented
server, then we address a solution with hosted infrastructure
(IaaS) or platform (PaaS) as a kind of cloud solution, if
the solution offers a possibility to share it among different
customers or companies. On the other hand, sometimes the
customer would like its own bug reporting software, especially
in the case when this company starts several software projects
with one or various suppliers.

Figure 2 shows a realization of a self-hosted bug reporting
system. Each company that wants to use the system must have
a full copy of the bug reporting system installed on their own
hardware and software architecture. It can be an open source
solution or own developed product. The access to the system
is within the company perimeter, or it may be realized as
standard web-access.

Sometimes it is possible to integrate this solution with other
systems, i.e. Active Directory for user authentication. Fur-
thermore, it offers possibilities to implement non-web-based
client applications. But this system also comes with higher
installation and technical support costs. When a company has
developed their own bug reporting system, it probably required
a lot of resources and increased the costs. This type of system
requires occasional maintenance, especially in backing data
source.

Figure 3 shows a cloud architecture of bug reporting system.
In this case, the bug reporting system is hosted on cloud.
Such an approach allows the system to be accessed from any
company and from any place.
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Fig. 2: Self-hosted bug reporting system

Fig. 3: Cloud bug reporting system architecture

No special hardware and software architecture are needed
for companies to use this system, they only need Internet
access and a web browser. This means that the users will
not have capital investments, and they would rather pay only
the running operating costs. The cloud architecture releases
the companies from worries about the routine maintenance,
backups and upgrades. All the security of the system is solely
the responsibility of the vendor. This approach is cheaper
from self-hosting systems because it does not require up-
front investment. No capital expenditure is required. Users
pay for services and capacity of resources used as they need
them. In this type of bug reporting systems, companies do not
have access to the code, so they can’t customize the system
as they wish, but this bug reporting system offers a lot of
customization.

Bug reporting cloud solution is platform independent in case
of SaaS and IaaS service models or installed on a specific

Model Choose Install Opportunity
Self-
Hosted

buy own server re-
sources and access
capacity

own platform and
application

client-server
model

IaaS server resources
and access capacity

own platform and
application

client-server
model

PaaS platform, server re-
sources, access ca-
pacity

own application application
framework

SaaS access capacity - business func-
tionality

TABLE I: Features of various service models

platform in case of PaaS service model. On the other side, this
solution can be offered as SaaS service, so the cloud provider
will take care of the infrastructure agent and provide relevant
number of resources.

The bug reporting solution can be hosted on appropriate
IaaS or PaaS cloud service layers. The communication with
cloud controllers is scalable and elastic. This solution allows
a company to have a bug reporting system with low costs. In
traditional self-hosting environment, companies must use a lot
of their resources and spend a lot of time to build hardware and
software architecture. Even more, not only will the equipment
be underutilized most of the time, but it will spend a lot of
electricity power unnecessary. On the other hand, with the
cloud solution they only need an access to the internet and a
web browser.

Table I presents features of different cloud service models.

IV. DISCUSSION

Bug reporting system as a cloud computing solution offers
a lot of advantages for companies. This type of solution offer
the companies to save money, resources, time for developing
etc. The final goal is to build all the functionalities which
any other bug reporting system can, but at much lower cost.
Companies can forget about expensive hardware and software
architecture, installations, upgrades etc. They only need a web
browser, which means anyone can use this system. They can
have all upgrades withhold compatibility issues. Bug reporting
system offers a lot of customization to fulfill the requirements
of different types of companies. Companies can be sure that
someone else takes care of the security of the system and
its maintenance. Being scalable and elastic is also one very
important issue that one should take care when choosing a
proper cloud solution.

We have made an analysis of implementation issues for sev-
eral bug reporting systems covering the cloud implementation
aspects. Table II presents how a typical implementation can
be hosted on cloud.

A typical cloud solution can be hosted on all three cloud
service layers, i.e IaaS, PaaS and SaaS. The solution should
be capable to instantiate as many VM instances as enabled by
hardware resources in the computer center.

A very important aspect is usage of interoperability, by
setting standards for interoperable systems. This means that
the cloud solution should have a possibility to save all test
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 Product Hosting

Model
Purchase Cost comp-

lexity
Trac [4] Self-Hosting Free Low
Rally Community
Edition [5]

Cloud Free up to 10 users High

Bugzilla [6] Self-Hosting Free Low
Bug Tracker .NET
[21]

Self-Hosting Free Low

FogBugz [7] Self-Hosting
and Cloud

$25/user per month SaaS;
$190/user for self-hosted
solution

Med

Redmine [8] Self-Hosting Free Med
Team Foundation
Server [9]

Self-Hosting 10 users: about $300/user High

Jira [10] Self-Hosting
and Cloud

$10 for self-hosted solu-
tion for up to 10 users;
SaaS starts at $15/user/-
month

High

Unfuddle [11] Cloud 10 users: $9/mo/user Low
Pivotal Tracker
[22]

Cloud Free Med

Mantis [23] Self-Hosting Free Med
Request Tracker
[24]

Self-Hosting Free, pay for support High

OTRS [25] Self-Hosting Free Low
Eventum [26] Self-Hosting Free Med
Fossil [27] Self-Hosting Free Med
The Bug Genie
[28]

Self-Hosting
and Cloud

5 users $15 etc. free for
self-hosting

Low

WebIssues [29] Self-Hosting Free Low

TABLE II: Comparison of different cloud enabled solutions
for bug reporting

cases, or other bug reporting and ticket tracking activities and
transfer it to a new system. This might sound very futuristic,
but it should be soon realized, in a form of API, using XML
files. Transfer of users, as discussed earlier is another form of
interoperability.

V. CONCLUSION

There are several challenges for cloud bug reporting system
that initiate motivation to replace the traditional self-hosted
bug reporting systems. For example, one of the most important
challenges is to offer users administration module and bug
reporting module for all the companies in a centralized system.
Then the activities concerning the ticket tracking and test case
processing can be scheduled to different virtual machines and
offer a high scalability and elasticity of the cloud solution.
In near future we plan to realize a new cloud solution
capable to handle different workloads, by specifying details
of its architecture and organization that improves the overall
performance and reduces the costs.

In this paper we have analyzed the most used bug tracking
solutions analyzing the possibility to use them as cloud solu-
tions. the systems are identified by a possible their deployment
layer model, as self-hosting solutions or cloud solution. A brief
discussion is given of implementation issues concerning the
IaaS, PaaS and SaaS layers.

Besides the benefits, the cloud solution has several disadvan-
tages, like the complicated user management system, ability to
exchange user sensitive data, designing a system with proper

dimension which is efficiently used, ability to exchange bug
relevant data, etc. They mainly concern interoperability issues,
flexibility to configure own implementation, and elasticity of
the solution. In the future we plan to develop a SaaS solution
that deals with these issues and open questions.
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Optimization of DC/AC inverter driving 
Goran S. Nikolić1, Tatjana R. Nikolić1, Branislav D. Petrović1 and Mile K. Stojčev1 

Abstract – Inverters are circuits that produce an AC output 
from a DC input. It is very important to choose the right pulse 
width modulation (PWM) strategy that will enable the 
generation of pure sine signal known as the sinusoidal PWM. 
The main goal of this paper is to analyze different PWM 
techniques in terms of reduction of the harmonic distortion and 
increase the power efficiency. Using Matlab tool FFT analysis is 
performed for three types of modulation signal. Triangle signal is 
selected as optimal solution. For the generated PWM signal total 
harmonic distortion (THD) analysis of current waveform is done. 
Simulink model of the single phase full bridge DC/AC inverter is 
used for simulation.  
 

Keywords – DC/AC inverter, pulse width modulation (PWM), 
total harmonic distortion (THD). 

I. INTRODUCTION 

Power inverters are circuits that changes direct current 
(DC) to alternating current (AC) [1]. The converted AC can 
be at any required voltage and frequency with the use of 
corresponding transformers, switching, and control circuits. 
They are standard used as: a) grid tie with order to inject 
electricity into the electric power distribution system; b) 
stand-alone power sources for home appliances and small 
industries; c) drivers for asynchronous motors in industry and 
automotive; etc. Inverters are realized as solid-state devices 
without moving parts. With high energy efficiency and fast 
time response, inverters have possibility to convert any DC to 
any AC voltage.  

The main drawbacks of inverters relate to involving 
harmonic distortion into a generated output signal. Distortions 
in a form of noise have negative impact on correct operation 
of other equipment connected as energy consumer to the 
inverter. Having this in mind, it is imperative to design 
inverter with low total harmonic distortion at the output. This 
hot problem was considered in literature for a long time [2, 3, 
4]. However, a comparative analysis which deals with optimal 
choice of PWM parameters with order to achieve trade-off 
among THD, energy efficiency, switching frequency, cost was 
not considered in overall.    

In this paper, THD analysis for three types of modulation 
signals (sawtooth, inverted sawtooth, and triangle) of constant 
frequency is given. According to the obtained results, it can be 
concluded that triangle shape is the best choice as generator of 
PWM signal for driving the inverter. In addition, Simulink 
model of DC/AC inverter is developed, thanks to which it is 
possible to define optimal working parameters (DC input 
voltage, switching frequency, AC output voltage, output 

frequency).  
This paper is structured as follows: Section II deals with 

power inverter structures that is based on MOSFET (Metal 
Oxide Semiconductor Field Effect Transistor) or IGBT 
(Insulated Gate Bipolar Transistor). Global structure of single-
phase full-bridge inverter topology is presented. Section III 
explains the application of PWM technique for control of 
switching inverters in order to generate pure sine wave. 
Section IV defines PWM parameters that have impact on 
increasing the power efficiency of a system. Simulation 
results which relate to output signal quality are given in 
Section V. Section VI summarizes the conclusions.  

II. POWER INVERTERS STRUCTURES 

Power switches are basic building blocks of static inverters. 
During the past two decades inverter topologies have changed 
from large thyristor-equipped grid-connected inverters to 
smaller IGBT or MOSFET-equipped ones [5]. MOSFETs and 
IGBTs are good candidates for implementation of switching 
devices in DC to AC converters. IGBT characterizes output 
switching and conduction features of bipolar transistor but is 
voltage-controlled like MOSFET. IGBT has simpler driving 
circuits with respect to other power switching devices which 
lead to high-power application. It has the advantages of high-
current handling capability and the ease of control. The 
disadvantages of IGBT are comparatively large current tail 
and nobody drain diode [6]. Design choice between IGBTs 
and MOSFETs is application-specific in term of cost, size, 
switching speed, energy losses and thermal requirements [5]. 
Bearing in mind the fact that by replacing power MOSFETs 
with IGBTs the efficiency is improved and cost is reduced, we 
will consider inverter topology based on IGBTs. 

There are many ways to achieve inverter function. Voltage-
source inverters (VSIs) are widely used in industrial 
applications because they behave as voltage sources [5]. 
Single-phase VSI can be realized as half-bridge and full-
bridge circuit. The full-bridge inverter consists of two half-
bridge legs, as shown in Fig. 1. Both switches S1+ and S1− in 
the first leg, (or S2+ and S2− in the second leg) cannot be on 
simultaneously with order to avoid short circuit between the 
DC power supply voltage and common point (ground). The 
modulating technique should ensure that either the top or the 
bottom switch of each leg is on at any instant. Maximal value 
of the AC output voltage is equal to the DC source value, VDC, 
which is twice that the obtained value with half-bridge VSI 
circuit.  

The AC output waveform is made up of discrete values 
with fast transitions instead smooth ones, since it is 
synthesized from a DC input by closing and opening the 
switches in an appropriate sequence. The AC output voltage is 
usually non-sinusoidal, staircase (stepped) wave and has a 
high harmonic content. The main causes of harmonic 
distortion are the following: modulation algorithm, dead times 

1Goran S. Nikolić, Tatjana R. Nikolić, Branislav D. Petrović and 
Mile K. Stojčev are with the University of Niš, Faculty of Electronic 
Engineering, A. Medvedeva 14, 18000 Niš, Serbia, E-mail: 
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and voltage drops across the switches [4]. Although AC 
output voltage waveform is not pure sinusoidal as expected, 
its fundamental component (50 Hz) behaves as such. This 
behavior should be ensured by selecting modulating technique 
that controls the amount of time and the sequence used to 
switch the power switches on and off in appropriate way [5]. 

 

 
Fig. 1. Single-phase full-bridge inverter 

 
The DC/AC inverters with pure sine wave output are used 

for powering electronic devices with more accuracy and less 
power loss because they introduce minimal amount of 
harmonics and have high efficiency. Inverter with sinusoidal 
AC output characterizes controllable magnitude, frequency, 
and phase. During the design of this inverter it is necessary to 
fulfill the following requirements: high quality waveforms, 
low harmonic distortion, low switching frequency, low energy 
losses, and high efficiency.  

III. PWM TECHNIQUE 

As mentioned earlier, it is needed to define the on- and off-
states of the switches for both legs of a VSI with order to 
ensure that the AC output voltage, Vo, follows a given 
sinusoidal waveform on a continuous basis. The pulse width 
modulation (PWM) technique can fulfill this requirement. 
Real switches do not turn on or off instantly, so that it is 
necessary to provide correct switching times. PWM signal 
controls the top and bottom switches of a leg by comparing a 
modulating signal (desired AC output voltage) with a carrier 
signal (for example, triangular waveform). The duty cycle of a 
generated waveform is modulated such that its average 
voltage corresponds to pure sine wave. The widths of the 
voltage pulses, over the output cycle, vary in a sinusoidal 
manner. A series of on and off pulses, that repeats, supplies 
the analog load. The on time is a time during which the DC 
supply is applied to a load, and the off-time is the period 
during the supply is switched off [7]. After that, an LC filter 
can be used for refinement of PWM signal that will closer 
approximate a sine wave.  

There are two types of switching schemes for PWM, 
unipolar and bipolar. In unipolar switching scheme, the output 
is switched from either high to zero or low to zero, rather than 
between high and low as in bipolar switching. Unipolar PWM 
requires half the switching frequency than required by bipolar 
PWM. 

Various PWM techniques have been developed thanks to 
improvements in the field of VLSI ICs, which related to the 
power electronics [8]. However, there is no unique PWM 
method that represents the best choice for all applications. 

A. Inverter performance  

Ideal electrical power system is characterized with constant 
frequency and specified value of the output voltage. In 
practice, there are harmonic components which involve 
deviations in a perfect sine wave. Accordingly, performance 
of the inverter is usually assessed on basis of harmonic 
content of its output voltage. Distortion can be determined 
from a spectrum of the output signal. Performance measures 
that quantify distortion due to undesirable harmonics are 
needed to be involved. Total harmonic distortion (THD) is an 
appropriate measure that is used to determine the level of 
harmonics into the output voltage and current waveforms, and 
to provide useful information concerning the impact of 
different modulation strategies to the generated output [2].  

In general, THD is defined as ratio of the sum of the powers 
of all harmonic components to the power of the fundamental. 
Accordingly, the harmonic content of voltage or current 
waveforms is compared to its fundamental harmonic 
component, and THDv,i is given as: 

2
1

2
v ,i on o

n

THD H H
∞

=

= ∑  

where Hon={Von or Ion} is the value of the n-th harmonic 
component of the voltage or current waveform, and Ho1={Vo1 
or Io1} is the value of the fundamental component of the 
voltage or current waveform.  

IV. PROBLEM DEFINITION 

The power system based on a voltage controlled voltage 
source inverter is presented in Fig. 2. As it is given in Fig. 2, 
the proposed system uses an inverter as interface circuit which 
connects the DC source to local loads and/or utility grid. 
Primary function of grid connected inverter is to supply active 
power to load and grid in accordance with grid connection 
standards. Requirements concerning grid standard involve 
reactive power compensation, harmonic minimization 
produced by the nonlinear loads, and correct synchronization 
with aim to achieve power factor, PF=1.   
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Fig. 2. Power system 

 
With order to study the effects of a system to the load and 

to the electrical distribution network, we will consider 
development of an appropriate model. This model is based on 
high voltage DC/AC inverter in full-bridge topology with 
IGBT realization.  

+
-

+
-

DCV
oV

oI

1S −

1S +

2S −

2S +

232



 
 

Implementation of sine-wave PWM output requires a 
sinusoidal reference (modulating) signal, ( )r t , which 
correspond to the desired fundamental component of the 
voltage waveform, and a high frequency carrier signal, ( )c t , 
which control the switching frequency [9].  

The binary PWM output can be represented as 
( ) ( ) ( )sgnPWMb t r t c t = −  , where ‘ sgn ’ is sign function.  

Constant frequency PWM can use the next three types of 
carrier signals: a) Sawtooth carrier (trailing-edge modulation); 
b) Inverted sawtooth carrier (leading-edge modulation); and c) 
Triangle carrier (double-edge modulation). 

Our objective is to find optimal PWM technique that will 
enable generation of pure sine-wave signal and will give the 
best results in terms of reduction of harmonic distortion and 
efficiency increase. With order to determine this we use the 
following two parameters: 

1. amplitude modulation ratio, am , defined as 

a reference carrierm V V=  
2. frequency modulation ratio, fm , given as 

f carrier referencem f f= .  

V. SIMULATION RESULTS 

With aim to find suitable PWM technique for sinusoidal 
signal generation, FFT analysis was performed for the 
mentioned three types of carrier signals. Working parameters 
used in analysis process were the following: DC source 

400DCV V= , output voltage 320oV V= , frequency 
modulation ratio 21fm = , sinusoidal reference signal 
frequency 50referencef Hz= . FFT analysis is performed using 
MATLAB/Simulink environment. The results of simulation 
are presented in Fig. 3 show that the best design choice of 
producing PWM signal is achieved by comparing the 
reference sine-wave with triangle wave. This PWM eliminates 
most of the harmonics and presents a preferred method for 
bipolar switching control of DC/AC inverters.  
 

 
Fig. 3. Comparable FFT analyzis of PWM signals for three types 

of carrier signals 

 Harmonic amplitudes are functions of parameter am . 
Normalized Fourier coefficients, on DCV V , for bipolar PWM 
signal are given in Table I. The spectrum of the output signal 
contains components located at multiples of carrier frequency 
and around them (sidebands type), and are defined as  

2 1,2,3,k th carrier refrencef k f f k− = ± =   

TABLE I 
NORMALIZED FOURIER COEFFICIENTS FOR BIPOLAR PWM 

am  1 0.9 0.8 0.7 
1n =  1.00 0.90 0.80 0.70 

fn m=  0.60 0.71 0.82 0.92 
2fn m= ±  0.32 0.27 0.22 0.17 

 
Table II reports the results which relate to THD values of 

voltage waveform which is generated using bipolar PWM by 
full bridge inverter without load. The THD is evaluated using 
Matlab tool for different values of parameters am and fm .  

TABLE II 
THD VALUES OF VOLTAGE WAVEFORM 

am  1 0.9 0.8 0.7 

fm  

15 1.0355 1.1890 1.3186 1.9053 
17 0.9045 1.2061 1.2965 1.5529 
19 0.9528 1.2260 1.3128 1.6546 
21 0.9405 1.2081 1.3883 1.5885 
23 0.9176 1.1181 1.1938 1.6979 

 
The main goal is to generate an output voltage of 

220 @50V Hz  for off-grid and grid-tie systems. Therefore, it 
is necessary to consider existence of RL  type load, and its 
impact to THDi value. We assume that the internal resistance 
of the electrical distribution network is 1R ≈ Ω  and its serial 
inductance 5L mH= . DC source voltage value is 

400DCV V= . According to Tables I and II and the required 

amplitude modulation ratio 220 2 400 0.7778 0.8am = = ≈ , 
it is possible to calculate THDi.  

Voltage, impedance and current values on the harmonics 
that are defined by parameter n, are presented in Table III. 

TABLE III 
FOURIER SERIES QUANTITIES FOR THE  BIPOLAR PWM INVERTER 

n [ ]nf Hz  [ ]nV V  [ ]nZ Ω  [ ]nI A  
1 50 320 1.86 167.10 
19 950 88 29.86 2.9469 
21 1050 328 33.00 9.4280 
23 1150 88 36.14 2.44 

 
Based on the values given in the Table III, the THDi is  
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This result (for 21fm =  ) presents an approximate value 
since it is consequence of truncating the Fourier series. In 
spite of that, this value can be accepted because the amplitude 
values of the remaining harmonics generally decrease with 
increasing the number of harmonic, n, i.e. their impact on 
THDi is negligible.   

The results of the previous analysis can be used as input 
parameters for Matlab/Simulink tool. The conducted analysis 
should take into account the actual parameters of the switch 
implemented as IGBT. 

Simulink model of the single phase full bridge inverter is 
presented in Fig. 4. As switches IGBT SPW20N60C3 
components are used. These components are the part of 
inverter in the High Voltage Solar Inverter DC-AC Kit [10].  
Parameters of the IGBT used in the simulation are: 

650DSV V= , 20 7dI . A= , ( ) 0 19 DSR on . Ω= , =100 SR kΩ , 
and 1 SC nF= .  

Working parameters of the Discret PWM generator are: 
=1050carrierf Hz , sin =50f Hz  and 0 8am .= .  

Current waveform of the output signal generated by 
Simulink model is presented in Fig. 5. According to Fig. 5 we 
can conclude that for selected parameters 0 8am .= , 21fm =  
and 6 1iTHD . %= , the generated current waveform 
corresponds to European standard IEC61727.      

 

 
Fig. 4. Simulink model for single phase full bridge inverter with load 

 

 
Fig. 5. Current waveform of the output signal 

 
By repeating the simulation for 21fm > , the output current 

waveform becomes more smoothly, what indirectly suggests 

that the THDi factor is lower. However, by increasing fm  the 
losses in switch elements increase too. Having this in mind, 
we can conclude that the choosen parameters, using this 
method, represent good design starting point for generating 
look-up table of the sine wave output signal. 

VI. CONCLUSION 

Single phase full-bridge inverter, based on IGBTs as 
switching devices, is adopted in this paper. Spectrum analysis 
and THD values for PWM voltage waveform of three types of 
modulation signals (sawtooth, inverted sawtooth, and triangle) 
are presented. Triangle signal is selected as the method for 
PWM signal generation which is used for driving the inverter. 
Based on Simulink model working parameters of DC/AC 
inverter are confirmed as optimal solution for generating look-
up table of the sine wave output signal.     
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A 900 MHz Self-Tunable Narrowband  
Low-Noise Amplifier 

Goran Jovanovic1, Darko Mitić1, Mile Stojcev1 and Tatjana Nikolic1 

Abstract – One design approach, which relate to self-tuning 
Low-Noise Amplifier (LNA) is considered in this paper. Phase 
control loop is introduced with aim to force filter central 
frequency to be equal to the input signal frequency. This is 
achieved by adjusting the amplifier resonant constituents. 
Thanks to that, the LNA is robust to parameter perturbations in 
the full tuning range and has constant maximum gain at central 
frequency. The 0.25 μm SiGe BiCMOS technology was used for 
design and verification of the LNA. The LNA has 20 dB gain, 
quality factor Q = 36 and central frequency from 880 up to 950 
MHz. Simulation results indicate that the total noise is 1.16 
μVrms, and –1 dB compression point is at 72.5 mV. 

 
Keywords – Low-noise amplifier, Tunable, Phase Control 

Loop, Resonant circuit. 

I. INTRODUCTION 

An inherent problem in implementing analog circuits is that 
the values of manufactured analog circuit components often 
differ from the design specifications because of process 
parameters, supply voltage, and temperature (PVT) variations. 
Due to these perturbations, the practically obtained results are 
not optimal. For instance, even a 1% discrepancy from the 
central frequency is unacceptable to fulfill frequency accuracy 
requirements in intermediate frequency (IF) filters, which are 
commonly used in receivers. Other solutions to compensate 
variations of frequency characteristics due to PVT variations 
are based on utilization of tunable filters, master-slave filter 
tuning schemes and self-tuning filters [1-3, 7]. The latter 
approach, as more challenging one, is proposed in this paper. 

Tunable selective amplifiers can be realized by using 
digitally controlled binary-weighted capacitor array, or current 
mirror array [2]. The switching scheme is based on successive 
approximation algorithm. However, the frequency accuracy 
with digital tuning is constrained by the number of tuning (not 
> 5) bits used. This is done in order to avoid too much 
overhead in chip area and to minimize the parasitic effects of 
switch resistances, resulting in 5–10% frequency mismatch 
[2]. 

Analog filters and selective amplifier are also adjusted by 
master–slave tuning schemes [3, 7]. The most commonly used 
master-circuit is voltage-controlled oscillator (VCO), whereas 
a slave filter is built with identical integrators. However, there 
are some difficulties in matching filter characteristics with 
characteristics of the master VCO [1]. Superior approach is to 

use voltage-controlled filter as a master, what results in better 
matching between master and slave filters. 

Each selective LNA at characteristic frequencies (cut-off, 
central frequency etc.) has defined phase shifts values. By 
comparing the phases of input and output signals, it is possible 
to detect the mismatch of filter characteristics. In order to 
obtain the desired phase transfer function, self-tuning filters 
use the estimated phase error as correction factor. In our 
proposal, to accomplish phase error correction we use a phase 
control loop, similar to one used in tuning oscillators with 
phase locked loop (PLL), or delay lines with delay locked 
loop (DLL) [4, 5].  

Here we present a LNA architecture, which belongs to a 
class of self-tuning circuits. Two benefits arise from the 
proposed solution: (i) the LNA is always tuned to input signal 
frequency, even in a presence of huge parameter 
perturbations, and (ii), the LNA can be used as a selective 
amplifier in wide range of input signal frequencies. 

The paper is organized as follows. Section II concentrates 
on realization of the tunable LNA. The structure of self-tuning 
LNA with phase control loop is defined and described in the 
Section III. Simulation results are presented in Section IV and 
self-tuning LNA application in Section V. Finally, Section VI 
contains some concluding remarks.  

II. A TUNABLE NARROWBAND LOW-NOISE 
AMPLIFIER 

The LNA schematic, used in this paper, is based on one of 
the most popular topologies, known as inductively 
degenerated common source LNA [8]. The simplified circuit 
given in Fig. 1 (without bias and matching circuits) is 
composed of two MOS transistors, M1 and M2, LNA amplifier 
scheme. MOS transistor M1, operates as common-source. The 
inductor Lpr is connected to a DC biasing node. The Miller 
effect for LNA circuit is very important. This effect strongly 
limits its frequency characteristics and provides poor reverse 
isolation. A cascode transistor M2 operates in common-gate 
mode. It significantly decreases the Miller effect. By using 
two active elements, M1 and M2, high LNA gain is obtained. 

The output load is implemented as resonant circuit 
consisting of L1, C1 and MVaricap. The voltage drop over the 
load is lower than the drop over a resistive load of the same 
impedance. This solution provides correct circuit operation at 
lower power supply voltage level (Vdd = 2.7 V), and has lower 
power dissipation.  

MVaricap element corresponds to voltage controlled 
capacitor. In IHP BiCMOS technology, it is implemented as 
modified PMOS transistor [6]. By controlling polarization 
voltage of a N-well the capacitance between gate and channel 
of PMOS transistor varies. The value of a control voltage, 

1Goran Jovanović, Mile Stojčev and Tatjana Nikolić are with the
University of Niš, Faculty of Electronic Engineering, Aleksandra
Medvedeva 14, 18000 Niš, Serbia, E-mail: goran.jovanovic
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Vctrl, determines a capacitance of MVaricap element, so the 
resonant frequency, fr, is given as  

 
1 1 MVaricap

1
2 ( )rf L C Cπ

=
+

 (1) 

The dynamic impedance of a resonant circuits, at fr, is very 
high so that the LNA has very high gain, too.  
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Vctrl1

Vdd

Vbias

fs fs

fr

 

Fig. 1. Low-noise amplifier scheme 

Elements of resonant circuit a selected in such way to 
obtain high quality factor, Q, and indirectly narrow LNA 
bandwidth, BW, so that  

 rfBW
Q

=  (2) 

In general, when BW is narrow LNA gain is high, receiver 
selectivity is good, attenuation of symmetrical signals in 
heterodyne receiver is high, and noise level is low. LNAs’ 
amplitude and phase characteristics are obtained by 
simulation. By varying the control voltage, Vctrl, within a 
range from 1.5 up to 2.7 V the LNA resonant frequency lies in 
the range from 880 up to 950 MHz, and maximal gain A = 20 
dB. For Q = 36, BW = 25 MHz is obtained.  

 

Fig. 2. Gain magnitude and phase characteristics 

According to Fig. 2, and having in mind that the phase shift 
is defined as:   

 ( ) 180 atan 2 s r
s

r

f ff Q
f

θ
⎛ ⎞−

= − − ⎜ ⎟
⎝ ⎠

 (3) 

maximal gain, at resonant frequency, is obtained for phase 
shift of –180o.  

III. SELF-TUNING LNA ARCHITECTURE 

The concept of the self-tuning LNA is based on phase 
control strategy. The phase shift between input and output 
signals is used to generate control voltage, Vctrl. The control 
voltage determines resonant frequency, i.e. indirectly the LNA 
phase characteristic. When the filter phase shift is –180o, then 
fr is tuned to the frequency of the input signal fs.  

The basic idea of phase control is similar to one that we 
meet in DLL circuits [4, 5], with one exception: Instead of 
pulse delay control, as it is in DLL circuits, we control the 
phase shift of the output signal. Block diagram of the 
proposed circuit is given in Fig. 3. The LNA, introduced in 
Sec. 2, represents a building block of a self-tuning LNA 
architecture (see Fig. 3). 

Vctrl

Phase Detector

Charge Pump

UP DOWN

CLPF

Vin Vout

IN OUT

OA

PD

CP

LPF

ZCD1 ZCD2

LPF1 LPF2

LNA

fs fs

Local Oscillator

f0MIX1 MIX2

Zero Crossing Detectors

Low-Pass Filters

LO

Vctrl

Vin_IF Vout_IF

 

Fig. 3. Block diagram of self-tuning LNA architecture. 

Correct operation of a phase detector is necessary to 
provide for accurate phase comparison. This is difficult to 
realize at high RF/MW frequency. Therefore frequency down 
conversion of signals Vin and Vout is performed by using two 
mixers, MIX1 and MIX2, local oscillator, LO, as generator of 
frequency f0, and two low-pass filters, LPF1 and LPF2. This 
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part of the circuits is given in Fig. 4. At the outputs of 
frequency down-converter two signals, Vin_IF and Vout_IF, are 
generated, but with lower frequency, f0 – fs, in respect to the 
frequency of RF signals, Vin and Vout. 

Vin Vout

LPF1 LPF2

fs

Local
Oscillator

f0

MIX1 MIX2

Low-Pass Filters

LO

fs

Mixers
f0 f0

0 sf f± 0 sf f±

f0 - fs f0 - fs

Vin_IF Vout_IF  

Fig. 4. Frequency down-conversion block 

In order to estimate the phase shift between Vout and Vin, 
signals Vout and Vin amplified first, and after that they are 
shaped to rectangular forms. This is achieved by using two 
zero crossing detectors, ZCD1 and ZCD2. 

Phase comparison of the input Vin and output Vout signals is 
performed by a phase detector (PD), which generates UP and 
DOWN signals. DOWN signal is on when the Vout phase leads 
in respect to the Vin phase, while in the opposite, UP signal is 
active. Time durations of UP and DOWN signals are 
proportional to the phase shift. UP and DOWN signals control 
the operation of a charge pump (CP). CP charges and 
discharges the load capacitor CLPF providing Vctrl that is used 
as control voltage for the LNA resonant frequency. In stable-
state the phase shift between Vout and Vin signals is –180o. 

Unity gain operation amplifier is used as buffer stage, 
primarily to decouple the influence of CLPF to MVaricap 
capacitance, i.e. to the resonant frequency. 

ZCD is implemented by a circuit presented in Fig. 5. It is 
composed of CMOS inverter stages, denoted as I1 to I5. The 
first stage, I1, acts as a linear amplifier. Since its input is 
capacitive coupled with the analog signal obtained from the 
LNA, it eliminates the DC offset. The other stages, I2, I3, I4 
and I5, operate as digital inverters. 

 

to PDVin

to PDVout

I1 I2 I3 I4 I5

I1 I2 I3 I4

ZCD1

ZCD2

 

Fig. 5. Zero crossing detector 

In systems with phase control loop (PLL and DLL) during 
stable state the phase difference between input and output 
signals is zero. The proposed LNA, in ideal case, involves 
phase shift of –180o

, therefore within the phase feedback loop 

is necessary to involve an additional phase shift of –180o so 
that total phase shift be –360o

. The additional phase shift is 
obtained at the output of ZCD2, by involving one inverter 
more, i.e. I5.  

More details about the structures a principles of operation 
of phase detector and charge pump circuits are given in [5, 7].  

IV. SIMULATION RESULTS 

The proposed solution, which relates to design of self-
tuning LNA with phase loop control, is verified by Spice 
simulation. The IHP design kit for 0.25 μm SiGe BiCMOS 
technology was used [6]. The supply voltage Vdd was chosen 
to be 2.7 V. AC characteristics of LNA, shown in Table I, 
were simulated first.  

TABLE I 
LNA CHARACTERISTICS 

Gain 20 dB 
Resonant frequency range 880 – 950 MHz 
Bandwidth 25 MHz 
Quality factor 36 
Total noise 1.16 μVrms 
–1 dB compression point 72.5 mV 

 

Fig. 6. Time response of the LNA with phase control loop: (a) Vout (b) Vin_IF 
and Vout_IF and (c) UP, DOWN and Vctrl. 
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Our design goal was to realize selective LNA whose central 
frequency can be tuned. During the tuning process the LNA 
gain and bandwidth should be keep approximately constant. 
The tuning process, in our design, was performed by varying 
the capacitance MVaricap, what was achieved by adjusting a 
DC biasing point. Consequently, the resonant fr frequency was 
subject to change. 

Fig. 6 shows time responses of the self-tuning LNA with 
phase control loop. Settling time of the LNA output signal Vout 
is presented in Fig. 6(a). The phase control loop changes the 
referent resonant frequency of resonant circuits until a 
condition fr = fs is fulfilled. At resonant frequency the LNA 
has maximal gain. 

During this input signal of frequency fs = 915 MHz and 
local oscillator with frequency f0 = 940 MHz were used. 
Waveforms of the down-converted input Vin_IF and output 
Vout_IF signals that are used for driving the self-tuning LNA 
are presented in Fig. 6(b).   

UP and DOWN control signals, obtained at the outputs of 
PD, as well as Vctrl, are given in Fig. 6(c). The steady-state 
state is reached, i.e. the phase loop is locked, at the moment 
when: i) the signals Vin and Vout are of opposite phases, ii) UP 
and DOWN signals disappear, and iii) the control voltage Vctrl 
has a constant value. The settling time of a system is 
approximately 900 ns. 

V. SELF-TUNING LNA APPLICATION 

The application of LNA is given in Fig. 7. The structure 
consists of two LNAs, master and slave. The master LNA is 
excited by the referent frequency source fs and it generates 
control voltage, Vctrl. The slave LNA is of identical structure 
as the master. It is driven with the same control voltage Vctrl, 
generated by the master LNA.  The slave is used for 
amplification and filtering of the input signal. 

Self-Tuning
Low-Noise Amplifier

Master

Input
Signal

Output
Signal

Referent
Frequency

Vctrl

Tuning
Low-Noise Amplifier

Slave

 

Fig. 7. Typical application for self-tuning band-pass filter 

VI. CONCLUSION 

In this paper we present architecture of self-tuning LNA, 
suitable for VLSI implementation. The central frequency is 
tuned by adjusting resonant frequency. The self-tuning LNA 
is operative in a defined frequency range (from 880 up to 950 

MHz), and is characterized with relatively high quality factor 
Q, and high gain (20 dB), what makes this architecture 
suitable for realization of narrow-band amplifiers 
implemented in heterodyne receivers. 

The phase control loop forces the filter central frequency to 
be equal to the input signal frequency. This is performed by 
changing MVaricap capacitance with control voltage, which is 
proportional to the integral of a phase error between filter 
input and output signals. The structure of a phase control loop 
is similar to standard phase/delay locked loop circuits [4, 5]. 
The proposed architecture (900 ns) provides short overall 
system settling time.  

The IHP 0.25 μm SiGe BiCMOS technology was used 
during design and verification of the LNA. Simulation results 
show that the central frequency of LNA can be within the 
range from 880 up to 950 MHz. The LNA is designed as 
amplifier with 20 dB gain at central frequency, and with 
quality factor Q = 36. In addition, simulation results indicate 
that the total in-band noise is 1.16 μVrms and –1 dB 
compression point is at 72.5 mV. 
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Evaluation of smartphone capabilities for efficient 

physical activity recognition 
Nikola Jajac

1
, Bratislav Predic

2
 and Dragan Stojanovic

3 

Abstract – This paper considers if mobile devices are capable 

to perform activity recognition locally in an efficient way. Within 

the paper an application for activity recognition based on 

accelerometer embedded  in a mobile phone is described. An 

evaluation of the impact that the application has on device 

performance was performed. It was concluded that mobile 

devices can perform activity recognition in an efficient way, 

without significant decrease in mobile device performance. 

 

Keywords – physical activity recognition, efficient 

accelerometer data analysis, performance evaluation, mobile 

device capabilities. 

 

I. INTRODUCTION 

Activity recognition fits within the bigger framework of 

context awareness. Context-aware systems take into account 

the current state of the user, as well as her surroundings, 

enabling a mobile device and application to adapt in an 

appropriate manner. 

Initially, context-aware systems used location as the only 

aspect that defined user context. With the development of 

low-cost and low-power sensors (such as accelerometers, 

gyroscopes, digital compasses, light sensors etc.) and their 

integration into modern mobile devices, in combination with 

advances in machine learning, it is possible to create a much 

richer model of user context.  

Activity of a user represents an important aspect of a 

context, because it directly impacts her ability to interact with 

the mobile device and applications. Information about the user 

activity enriches the description of a user context and in that 

manner enables the system to better adapt its services and 

resources to user context, which can be performed even 

without any explicit action from the user. In this way the user 

can stay more focused on the task at hand. 

A sensor whose data is probably the most useful in activity 

recognition is the acceleration sensor. The acceleration sensor 

is a sensor which measures acceleration along one, two or 

three axes. Since the acceleration sensor also detects 

acceleration due to gravity, it can be used for orientation 

detection, which is useful information for activity recognition. 

The greatest possibilities for application of activity 

recognition systems lay in the healthcare domain. For 

example, such systems can be used for elderly care support or 

for long-term health/fitness monitoring [1]. Current methods 

for tracking activities, like paying a trained observer or 

relying on self-reporting are time and resource consuming 

tasks, and are error prone. An automatic system for 

recognizing activities could help reduce errors that arise from 

previously mentioned methods. Also, such system would 

enable its users to go about their daily routines, while the data 

collection and processing are done in the background, and do 

not interfere with current user activities. 

Another possibility for application is in the social 

networking domain. Social networks have an important place 

in today's society. Existing communication services enable 

simple exchange of text, images, videos etc., while by using 

data from sensors, a much richer user context could be shared 

with friends in a more natural and, for the user, simpler way. 

Automatic activity recognition would enable users to share 

their current activity with their friends over a social network 

without interrupting the user in her activity, consequently 

moving the interaction between social networks users to a new 

level. 

Activity recognition by using data from an acceleration 

sensor can be performed in two ways. The first one implies 

transfer of data from the acceleration sensor to a server, where 

all of the further processing is done. In this way processor 

power of a server is utilized and also device battery 

consumption is decreased, since all of the processing is 

transferred to the server. Disadvantage of this approach is the 

necessity to transfer data to the server, and since it is a 

centralized approach, question of scalability arises. The 

second approach implies that the whole activity recognition 

process is performed on the mobile device itself. In this case 

there is no data transfer to a server, the system is maximally 

scalable since the data from every device is processed on the 

device itself, so it makes no difference how many devices 

perform activity recognition simultaneously. On the other 

hand, there is a question whether mobile devices have enough 

resources to perform activity recognition seamlessly, or  it 

would cause significant increase in battery consumption and 

processor load, up until a level when the user could not 

continue to use other functionalities of the mobile device in a 

way he is accustomed to.  

This paper explores the possibility of activity recognition 

directly on a mobile device in real time. As a test platform 

Android operating system was used. The main reason for the 

selection of Android operating system was the fact that by 

September 2012. 500 million Android devices were activated 

[2], and that 1.3 million new devices are activated every day, 

which represents a huge base of potential users for an activity 

recognition system. As a part of this paper a demo application 

for activity recognition was developed and an evaluation of 

the impact that the application has on a mobile device 

1Nikola Jajac is with the Faculty of Electronic Engineering at 
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E-mail: nikola.jajac@elfak.ni.ac.rs. 
2Bratislav Predic is with the Faculty of Electronic Engineering at 

University of Nis, Aleksandra Medvedeva 14, 18000 Nis, Serbia. 
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at University of Nis, Aleksandra Medvedeva 14, 18000 Nis, Serbia. 

 

241



 
 
 

performance was performed, to determine whether a typical 

mobile device can perform activity recognition in an efficient 

way. The rest of the paper is organized as follows: section 2 

provides an overview of related work on activity recognition, 

with special regard to a paper which preceded this one and 

whose results were used in the development of the application 

for activity recognition. Section 3 describes the developed 

application for activity recognition on Android mobile 

devices. Section 4 presents the evaluation of impact that the 

developed application has on device performance. Finally, 

section 5 gives the conclusions about the paper. 

II. RELATED WORK 

In recent years there has been a lot of research related to 

recognizing activities from accelerometer data. In [3] authors 

used data from 5 biaxial accelerometers worn simultaneously 

on different parts of the body. Used accelerometers could 

detect acceleration up to ±10G. Accelerometers were mounted 

onto hoarder boards and firmly attached to different body 

parts. Data was collected from 20 subjects performing various 

everyday tasks without researcher supervision. The following 

features were computed on sliding windows of accelerometer 

data: mean, energy, frequency-domain entropy and 

correlation. A number of classifiers were trained and tested 

with the calculated data, where decision trees showed the best 

result, recognizing activities with an accuracy of 84%. 

Ravi et al. in [4] attempted to perform activity recognition 

using a single triaxial accelerometer worn near the pelvic 

region. Data was collected by 2 subjects performing 8 

different activities. Similarly to [3] the features were 

computed using the sliding window technique. Four features 

were extracted: mean, standard deviation, energy and 

correlation. Extracted features were used to train and test 5 

base-level classifiers, and in addition to that, 5 meta-level 

classifiers. Authors concluded that meta-level classifiers in 

general outperform base-level classifiers and that plurality 

voting, which combines multiple base-level classifiers, shows 

the best results. The authors also showed that out of the used 

features, energy is the least significant one, and that there is 

no significant change in accuracy when this feature is not 

calculated. 

Kwapisz et al. in [5] tried to recognize activities by using 

data from a single acceleration sensor, but they used data from 

an acceleration sensor embedded into a standard mobile 

phone. These accelerometers typically detect acceleration up 

to ±2G along three axes. Their research methodology follows 

the one in [3, 4]. The authors collected data from 29 subjects, 

extracted 6 basic features and tested 3 classifiers, where 

multilayer perceptrons showed the best result, recognizing 

activities with an accuracy of 91.7%.  The authors showed 

that activity recognition can be performed successfully by 

using acceleration data from a mobile phone. 

Work presented in paper [6], which preceded this one, 

focuses on activity recognition by using an acceleration sensor 

embedded into a standard mobile phone. The approach for 

recognizing activities follows the one used in papers [3-5]. By 

using a specifically designed mobile application data from the 

acceleration sensor was collected while performing 8 different 

activities: standing, sitting, walking, running, walking up 

stairs, walking down stairs, driving a bicycle and doing 

pushups. Data was collected by a single test user. For 

calculating features of the signal from the acceleration sensor 

the FeatureExtraction library was developed. The library was 

developed in the Java programming language, so it could be 

used on desktop computers and also on mobile devices 

(primarily Android operating system was considered). One of 

the main goals in development was the flexibility of the 

library, and so the library allows: adding of features for 

extraction, defining of a sensor data source, and defining of 

components which use the feature extraction results.  

The basic classes of the library are shown in Fig. 1. The 

sensor data source is defined by inheriting the DataSource 

class. Features are added by inheriting the Feature class, and 

the components that use the feature extractions results are 

defined by implementing the FeatureExtractionListener 

interface. 

 
Fig. 1. FeatureExtraction library class diagram 

Within the paper, the files with recorded data from the 

acceleration sensor were used as a data source. The library 

was used to calculate the following features: mean, standard 

deviation, inter-axis correlation, acceleration vector intensity 

mean, energy and entropy. Feature extraction results were 

written into new files together with the name of the activity 

represented by the source data. Activity recognition was 

formulated as a classification problem in which classes 

correspond to activities and attributes correspond to features. 

The resulting files were used to train and test three classifiers 

available in the WEKA Machine Learning Algorithms Toolkit 

[7]. Tested classifiers were: C4.5 decision tree, Naïve Bayes 

and K-nearest neighbors. All three classifiers achieved 

excellent results in activity recognition, with more than 99% 

of successfully classified instances. 
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III. MOBILE APPLICATION FOR ACTIVITY 

RECOGNITION 

By using results from the paper [6] a mobile application for 

activity recognition directly on a mobile device in real time 

was developed. FeatureExtraction library was used for feature 

extraction. In this case the data source is the acceleration 

sensor itself. Data from the acceleration sensor is read and 

directly passed to the FeatureExtraction library. Diagram of 

the main application classes and their connections with the 

FeatureExtraction library is shown in Fig. 2. 

 
Fig. 2. The class diagram of mobile application for activity 

recognition  

Application for activity recognition consists of two 

components. The first component is an Android service [8], 

which performs the task of activity recognition. An Android 

service is an application component which enables performing 

of long-running tasks in the background, and as such is ideal 

for implementation of a system for activity recognition. The 

service itself has no user interface. The second component is 

an Android activity [9], which implements a simple user 

interface and it is used as a front-end for service control. 

Within the activity a user can start and stop the service, and 

also define a path to the file with the decision tree definition. 

The activity user interface is shown in Fig. 3. 

 

Fig. 3. Android activity for activity recognition service management 

Since all three classifiers from paper [6] showed excellent 

results in activity recognition, for the implementation on a 

mobile device, C4.5 decision tree was selected, because it 

requires the least amount of computation in the classification 

phase. Specifically, decision tree from the paper [6] was used. 

To increase the application flexibility, decision tree definition 

is not coded in the application itself, but in a separate file. In 

this way, it is simple to change the decision tree definition 

without any changes to the application itself.  

Feature extraction result from the FeatureExtraction library 

is returned to the activity recognition service which performs 

classification (recognition) of activities by using the externally 

defined decision tree. The service notifies all of the interested 

applications about the recognized activity, by using the 

standardized Android broadcasting mechanism. In this way 

any application can register to receive information about 

recognized activities and further process that information in 

an appropriate way. 

Developed application was tested with data from the 

acceleration sensor in real time, in order to determine 

application performance when dealing with real life data. The 

test user performed a subset of activities tested in [6]. Each 

activity was performed for a specific period of time, with an 

active application for activity recognition. The results from 

the application were recorded, and application success in 

recognizing specific activities was calculated. Table I shows 

that the results are similar or worse than the ones achieved 

with recorded data in [6], depending on the activity. 

Sitting and standing are two activities which are most easily 

distinguished from any other activity and were recognized 

with high accuracy. Even though the signal from the 

acceleration sensor for walking, walking down stairs and 

walking up stairs is very similar, walking was also recognized 

with high accuracy. Walking down and up stairs was 

recognized with lower accuracy than in [6]. Most of the 

misclassified walking down stairs instances were classified as 

walking and walking up stairs, and most of the misclassified 

walking up stairs instances were classified as walking and 

walking down stairs, which was expected given the fact the 

acceleration signal is similar for these activities. Our future 

research will try to improve recognition and distinction of 

walking and walking up/down stairs activities by taking into 

account a location of the mobile user detected by appropriate 

indoor localization system based on WiFi, Bluetooth or dead 

reckoning and using data from other available sensors.  

TABLE I 

APPLICATION PERFORMANCE IN RECOGNIZING ACTIVITIES 

Sitting 96% 

Standing 100% 

Walking 97.6% 

Walking down stairs 71.4% 

Walking up stairs 54.1% 

IV. EVALUATION OF APPLICATION IMPACT ON 

DEVICE PERFORMANCE 

Since the activity recognition service is a background 

process, which is supposed to be transparent for the user, it is 

very important to perform an analysis of energy consumption 

and processor load generated by the activity recognition 

service. Since the basic function of a standard mobile phone is 
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not activity recognition, processor load generated by the 

service must not be large, so that the performance of other 

application wouldn't be decreased. Also, battery consumption 

must not be large, so that the device autonomy wouldn't be 

decreased significantly. With lower power consumption it 

would be possible to monitor activities for prolonged periods 

of time, without the need to recharge the battery. Lower 

consumption and impact on the performance would lead to a 

higher degree of service acceptability from a larger number of 

users. As a test device for the evaluation of application impact 

on device performance Samsung I9001 Galaxy S Plus was 

used which runs on Android operating system version 2.3.5. 

The Fig. 4 shows that, if power consumption generated only 

by the processor is considered, with an active application for 

battery consumption measurement (PowerTutor), the service 

contributes to battery consumption with 3.7%. If power 

consumption generated by the display is taken into 

consideration as well, the service part in battery consumption 

drops to just 1.2%. Since the Android operating system kernel 

participates in battery consumption with 34.9% when battery 

consumption generated only by the processor is considered, it 

can be concluded that the service for activity recognition does 

not increase battery consumption significantly. 

 

Fig. 4. Energy consumption by the activity recognition service 

The Fig. 5 shows that, with an active application for 

processor load measurement (OS Monitor), the service for 

activity recognition participates in processor load with 1-2%. 

Since the participation in processor load is relatively small, it 

can be concluded that the service will not have a significant 

impact on other applications performance. 

 

Fig. 5. Processor load by the activity recognition service 

V. CONCLUSION 

In this paper, an overview of related work on activity 

recognition was presented, as well as some fundamentals in 

the development of modern context-aware services. A mobile 

application for activity recognition performed directly on a 

mobile device in real time was described. Following that an 

evaluation of impact that the application has on device 

performance was performed. It was concluded that the 

developed application does not increase processor load, or 

battery consumption significantly. From the aforementioned it 

can be concluded that mobile devices with a built-in 

acceleration sensor can perform activity recognition locally in 

an efficient way, without significant decrease in performance. 
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A Method for Estimation Camera Georeference in 
GIS-based Video Surveillance 

Aleksandar Lj. Milosavljević1, Dejan D. Rančić2 and Aleksandar M. Dimitrijević3 

Abstract – In this paper we present a method for estimation of 
parameters used in georeferencing surveillance camera video in 
order to integrate it with a three dimensional geographic 
information system (3D GIS). Camera's frame is fully 
georeferenced knowing 7 parameters that describe: geographic 
position, geospatial orientation, and field-of-view of the camera 
in the moment of capturing that frame. Since the precise 
measuring of these parameters is extremely difficult, in this 
paper we proposed a solution for their estimation based on 
Levenberg-Marquardt's numerical method. As the input, our 
method use 3D coordinates of identifiable points from camera's 
video frame. In order to determine these coordinates we rely on 
use of conventional GIS data such as aerial imagery and digital 
terrain model (DTM). 
 

Keywords – Video Surveillance, Geographic Information 
Systems, Augmented Reality, Augmented Virtual Environments. 

I. INTRODUCTION 

Video monitoring plays an important role in the 
surveillance system for different security and military 
applications [1]. A typical surveillance system consists of 
multiple fixed and/or PTZ cameras that monitor various areas. 
In the conventional scenario, every single surveillance camera 
connects directly to the appropriate display that is monitored 
by the operator. However, applying this approach to a larger 
number of cameras has serious drawbacks [2]. The problem 
with such systems arises when the number of 
cameras/displays starts to exceed the cognitive capacity of the 
operator. The operator must constantly perform mapping 
between camera image with the corresponding location in the 
real world, and this complicated task requires a lot of 
experience and practice [2]. To ensure the coordination and 
monitoring in a system with multiple cameras, it is necessary 
to introduce a single reference frame in which all these images 
can be mapped. GIS in this regard arises as a natural solution, 
but not only because it is used for referencing any geospatial 
data, but also because it provides semantic information (e.g., 
locations of roads, buildings, etc.) which can be extremely 
important in certain video surveillance applications [3]. 

To integrate some information into a GIS it must be 
somehow georeferenced. Georeferenced video, obtained from 
surveillance cameras or otherwise, is terminologically 
designated as geospatial video. Video represents display of 

moving scenes using still images (frames) that change in a 
given time interval [4]. As the video consists of individual 
frames, its georeferencing requires that each individual frame 
contains georeference. Georeferencing a frame requires 
information on camera viewpoint in the moment the frame 
was captured. Data set which determines the camera 
viewpoint is defined by the viewpoint model [5]. 

An observer (or camera) viewpoint into three-dimensional 
space is completely determined knowing: the position of the 
observer, the orientation of the observer, and the field-of-view 
(abbr. fov). In contrast to the field-of-view, which represents a 
simple parameter, the position and the orientation of the 
observer are more complex viewpoint features that can be 
represented in different ways. 

For the presentation of the observer position we used the 
WGS84 coordinate system, so the position is determined 
using three parameters: latitude (abbr. lat), longitude (abbr. 
lon) and altitude (abbr. alt) . 

The observer takes proper orientation in 3D space by 
applying rotation around all three coordinate axes. 
Consequently, for the representation of the orientation we also 
use three parameters, each of which represents the angle of 
rotation around respective axis. In order to give meaning to 
these three angles, it is necessary to define an appropriate 
reference coordinate system that defines axis around which 
rotations will be performed. The most commonly used 
reference system of this type is defined for the aviation 
industry where rotations are designated as pitch, roll and yaw 
[6]. This model can be applied to represent the orientation in 
the geographic space if the center of the coordinate system is 
placed to the position the observer, z axis is directed towards 
the gravitational center of the Earth, and x axis in the direction 
of geographic north pole. In this case the rotation in a 
clockwise direction around the z axis is the view azimuth, 
while the rotations around the y and x axes are pitch and roll, 
respectively. 

Finally, in order to specify an absolute viewpoint into 3D 
geographic space, i.e. video frame georeference, it is 
necessary to determine 7 parameters: lat, lon, alt, azimuth, 
pitch, roll and fov. Although it is possible to measure them, it 
is a complicated technique that do not always guarantee a 
satisfactory precision of the results. An alternative to the 
measurement is the estimation of parameters using indirect 
techniques. One possibility, that is described in this paper, is 
based on use of Levenberg-Marquardt's [7,8] numerical 
methods for their estimation based on the 3D coordinates of 
the characteristic (identifiable) points with a video camera 
frame. To obtain coordinates of these points we relied on 
aerial imagery and digital terrain model (DTM). As the 
numerical method is applied, using more points results in a 
better overall estimation of the georeference parameters. 

The paper is organized as follows: Section 2 presents an 
overview of the model and techniques used in the integration 

1Aleksandar Lj. Milosavljević is with the Faculty of Electronic
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of geospatial video and 3D GIS. Section 3 describes the 
proposed method for estimating camera georeference, while 
Section 4 provides details of the actual software 
implementation of the proposed method. Finally, in the 
conclusions (Section 5) we gave a short summary of the work 
and emphasized the advantages of the proposed approach. 

II. GIS-BASED VIDEO SURVEILLANCE 

GIS-based video surveillance it the term used for systems 
that integrate geospatial video and 3D GIS using augmented 
reality techniques. Augmented reality technique are used to 
combine real scene viewed by the user with a virtual scene 
generated by the computer, so that they augment real scene 
with additional information [9]. Surveillance system, in this 
conjunction, offers real world view through videos from 
multiple cameras. On the other hand, 3D GIS establishes a 
virtual environment that augments, or is augmented with such 
video depicting reality. 

 
Fig. l. GIS-augmented video 

 
Fig. 2. Video-augmented GIS 

Inspired by Milgram's continuum between real world and 
virtual reality [10], we defined models of integration of 3D 
GIS and geospatial video. Analogously to the augmented 
reality and the augmented virtuality, that are defined in this 
continuum, we defined two models: GIS-augmented video 
and Video-augmented GIS. The first model is analogous to 
the augmented reality and is closer to the real world, i.e. to the 

video as the way to see the real world. The second model is 
analogous to the augmented virtuality that is located on the 
virtual reality side, i.e. 3D GIS as a tool to create it. A key 
feature of GIS-augmented video is direct display of video, 
while the corresponding 3D GIS scene is created in the 
background providing geolocation for each pixel in the frame 
(illustration is given in Fig. 1). Video-augmented GIS is 
characterized by projection of video frames into 3D GIS scene 
enabling us with the ability of free movement through the 
scene and mixing multiple video streams (illustration is given 
in Fig. 2). Video demonstration of the implemented prototype 
of GIS-based video surveillance is available at: 
http://www.youtube.com/watch?v=VJGC2P3t8xg. 

Details regarding the implementation of the identified 
models of integration through a prototype of GIS-based video 
surveillance are beyond the scope of this paper. However, in 
order to understand the proposed method, one need to be 
familiar with the transformations that are performed within 
graphic adapters (via OpenGL). It is also necessary, to 
establish correspondence between the seven parameters of the 
viewpoint model and the appropriate transformations. 

 
Fig. 3. Vertices transformation from world coordinates to 

screen coordinates in OpenGL 

Fig. 3 shows the process of vertices (3D coordinates of 
points in space) transformation from world coordinates to 
screen coordinates of the window [11]. We see that the first 
transformation is done by multiplying a vertex vector with a 
model-view matrix. After this transformation we get the 
coordinates relative to the viewpoint, i.e. eye coordinates. The 
following transformation is perspective projection applied 
using projection matrix. The output of this transformation are 
clip coordinates. Their role is to discard vertices that are not in 
the view frustum defined with a given projection matrix. It 
should be noted that OpenGL works with homogeneous 
coordinates. Homogeneous coordinates allow geometric 
operations in the projected space. Because of this, all vectors 
in OpenGL have four components labeled x, y, z and w, and 
the corresponding transformation matrices are 4x4 size. In 
order to normalize homogeneous clip coordinates the x, y and 
z components are divided with w. This provides us with a 
normalized device coordinates (NDC). NDC coordinates 
correspond to the screen coordinates with the difference that 
they range from -1 to 1. For their transformation into real 
screen coordinates viewport transformation is used. Viewport 
is a rectangular area on the screen, i.e. window, where the 3D 
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scene is displayed. It is specified using the coordinate of the 
lower-left corner, so as width and height in pixels. 

In order to overlap video frames received from the camera 
with the corresponding 3D GIS scene, which is the feature of 
GIS-augmented video, the model-view matrix must be 
initialized according to the current video frame georeference: 
 double xC, yC, zC; 
 Geodetic2Geocentric(lat, lon, alt, xC, yC, zC); 
 Matrix4x4 MV; 
 MV.rotateX(-90.0); 
 MV.rotateY( roll); 
 MV.rotateX(-pitch); 
 MV.rotateZ( azimuth); 
 MV.rotateX( lat - 90.0); 
 MV.rotateZ(-lon - 90.0); 
 MV.translate(-xC, -yC, -zC); 

It should be noted that the geodetic coordinates (lat, lon, 
alt) are not suitable to be used as the world coordinates of the 
vertices. Instead we use the geocentric coordinates (x, y, z) 
based on the Cartesian coordinate system centered at the 
gravitational center of the Earth. Geocentric coordinates are 
represented in meters. 

Initialization of the projection matrix use information on 
frame size in pixels, and the field-of-view (parameter fov): 
 Matrix4x4 P; 
 double aspect = frameWidth / frameHeight; 
 P.perspective(fov / aspect, aspect, 1.0, 5000.0); 

III. DESCRIPTION OF THE PROPOSED METHOD 

The method for estimation of the viewpoint model 
parameters will be presented for the case of fixed surveillance 
cameras. Specificity, i.e. advantage of the fixed camera is that 
the georeference parameters do not change. They are fixed 
and depend on camera mounting and lens characteristics. With 
some modifications, proposed method can be applied to PTZ 
cameras. In the second case, we also have a fixed camera 
position (lat, lon, alt), while absolute orientation (azimuth, 
pitch, roll) and the field-of-view (fov) depend on the pan, tilt 
and zoom parameters of the camera. 

To estimate camera georeference, as the input data we use 
measurements that connect points in camera frame (screen 
coordinates - exM, eyM) and points in geographic space 
(geodetic coordinates - latM, lonM, altM). Calculation of 7 
parameters of camera viewpoint is performed using 
Levenberg-Marquardt's numerical method. In this case 
numerical method evaluates the transformation parameters 
that best (with the lowest mean square error) maps input 3D 
coordinates to output screen coordinates. Transform itself is 
explicitly set, in this case it is equivalent to OpenGL 
transformation shown in Fig. 3. Using previously defined 
model-view and projection matrix, the transformation has the 
following form: 
 double xM, yM, zM; 
 Geodetic2Geocentric(latM, lonM, altM, xM, yM, zM); 
 Vector4D v(xM, yM, zM, 1.0); 
 MV.transform(v); 
 P.transform(v); 
 ex = 0.5 * (v.X / v.W + 1.0) * (frameWidth  - 1); 
 ey = 0.5 * (1.0 - v.Y / v.W) * (frameHeight - 1); 

Mean square error, that is minimized during the process, is 
calculated between screen coordinates obtained by 

transformation (ex, ey) and expected screen coordinates (exM, 
eyM). In each cycle of the iterative process the modification of 
the georeference 7 parameters is carried out in order to 
decrease the error. The process ends when the error falls 
below a certain value or when increment in all parameters 
falls below a certain value. 

To begin the iterative process is necessary to define the 
initial values for the estimating parameters. In the case where 
a function has only one minimum initial values do not affect 
the final outcome. However, if there are multiple local minima 
the initial value should be close to the expected solution. 
When applied to our case, given the complexity of the 
transformation, this means that it is necessary at the beginning 
of the process to determine the approximate values of the 
parameters, i.e. roughly determine camera georeference. 

List of steps through which the proposed method is carried 
out are: 

1. setting initial georeference, 
2. identification of characteristic points in video (about 10 

points), 
3. finding 3D coordinates of the identified points, 
4. estimation of optimal georeference using iterative 

process, and 
5. verification of the results obtained using GIS-based 

video surveillance. 

IV. IMPLEMENTATION OF THE PROPOSED METHOD 

In order to test, so as to make practical usage of the 
proposed method we implemented an application for 
georeferencing surveillance cameras. The application is 
implemented in C++ using Qt framework. To implement 
Levenberg-Marquardt's numerical method we used an open 
source library levmar [12]. Obtaining video frames is done 
using the HTTP protocol, so present solution supports only 
network (IP) or web cameras. In order to display the map of 
the area of interest and obtain 3D coordinates of the 
characteristic points the application uses our GIS server that 
implements OGC WMS service and service for retrieving 
terrain elevation. Fig. 4 depicts the user interface of the 
implemented application. 

The user interface of the applications is divided into three 
parts: the main application window for setting and reading 
parameters, the window that display video, and the window 
that for viewing and navigating through a geographic map. 
Beside display of video and map, these windows additionally 
provide parallel insertion of characteristic points. When a 
characteristic point is identified in the video window its screen 
coordinate is remembered to be paired with an adequate 3D 
coordinate. The same action in the map window results in a 
request to the GIS server to read terrain elevation for a given 
coordinate. 

In the example shown in Fig. 4 georeferencing was 
performed with 19 points. The result of this particular 
georeferencing is shown in Fig. 5 where we have video 
projected into virtual 3D GIS scene. The accuracy of obtained 
georeference can be noticed on the edges of the frame. 
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Fig. 4. Application for georeferencing surveillance cameras 

 
Fig. 5. The result of georeferencing shown using projected 

video mode 

V. CONCLUSIONS 

Integration of surveillance cameras' video into 3D GIS 
requires their prior georeferencing. As video consists of 
individual frames, its georeferencing comes down to 
georeference each individual frame. A frame georeference is 
defined by 7 parameters of the viewpoint model that 
absolutely determines the camera position, orientation and 
field-of-view in the moment the frame was captured. 
Advantage, i.e. simplification in terms of georeferencing 
surveillance cameras is that they are always mounted in a 
fixed location. Therefore the first 3 parameters of the 
georeference are constants. With fixed surveillance cameras 
the other 4 parameters are also constant, while for PTZ 
cameras they depend on the camera's local orientation (pan 
and tilt) and zoom. 

Since GIS-based video surveillance provides overlapping of 
video frames with a virtual 3D GIS scene that is created in the 
background, even very small errors in georeference become 

apparent. Therefore, it is necessary to precisely determine 
camera georeference. Although there is a possibility of 
measuring these parameters, it is a set of complicated 
techniques which results does not always guarantee a 
satisfactory precision. As the alternative, in this paper we 
describe a method for estimating the georeference using 3D 
coordinates of the characteristic points identified in the video 
frame. The 3D coordinates are obtained using areal imagery 
and digital terrain model, while the estimation is done using 
Levenberg-Marquardt's numerical method. 

One of the advantages of using numerical method to 
estimate the parameters is the possibility of adding an 
arbitrary number of characteristic points. This minimizes 
errors that originate from coordinate reading, so as the model 
imperfection (DTM and areal imagery). It also compensates 
parameter estimation errors that are due to the camera lens 
aberrations. 
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Computation of Best Fixed Polarity Reed-Muller 
Transform on Multicore CPU Platform 

Miloš M. Radmanović1  

Abstract – Reed-Muller transform is kernel of many scientific 
and practical applications. During recent years, in order to improve 
performance, scientific software has been ported to multicore CPU 
(Central Processing Unit) and GPU (Graphics Processing Unit) 
platforms. This paper proposes parallel implementation for 
computing the best or optimal fixed polarity Reed-Muller 
transforms of Boolean functions in order to execute it efficiently on 
multicore-CPU platform. The computation of best transform is 
based on exhaustive search algorithm and it is implemented both 
with sequential code and through MPI (Message Parsing 
Interface) framework for parallel algorithms development. The 
experimental results are compared and it was found that the 
computations of best transform on multicore CPU are quite 
efficient in terms of computation time. 
 

Keywords – Reed-Muller transform, parallel FFT-like 
algorithms, multicore CPU, MPI.   

I. INTRODUCTION 

Reed-Muller (RM) transform represents an important class 
of AND-EXOR expressions and it has been efficiently applied 
in many areas such as signal processing [1], [2], coding 
technique [3], [4], and computer aided design [5], [6], 
including synthesis, verification, and testing. Fixed polarity 
RM form is the Reed-Miller polynomial expression in which 
each variable has the same form [7]. Any Boolean function 
can be expressed by fixed polarity RM forms. There are n2  
polarities for an n-variable Boolean function and the number 
of XOR terms depends on these polarities. Finding the best or 
optimal polarity can be very CPU time consuming, in order to 
search for the best polarity which will lead to the minimum 
number of XOR terms for a particular function.  

Therefore, there have been numerous algorithms developed 
to reduce the search time for finding the best polarity of RM 
forms. The most popular search criterion of the best polarity 
RM form is obtained by the exhaustive search of the all 
possible polarity vectors. An efficient exhaustive search of the 
all possible polarity vectors can be constructed by using the 
dual polarity search route method [8], [9], [10], [11], and 
transeunt triangle method [12], [13]. Instead of generating all 
of the polarity vectors and searching for the best polarity, 
many algorithms will find the non-exact optimal polarity 
using: the separation and sparse techniques [14], [15], 
quantum genetic and propagation of signal probability 
techniques [16], and  technique based on Ordered functional 
decision diagrams (OFDDs) [17], [18], [19].  Furthermore, in 
[20] it has been developed non-exhaustive exact method for 
finding best fixed polarity Reed-Muller form directly from 
Walsh spectral coefficient, but only for 3-variable Boolean 

functions. In general no efficient algorithm has been found 
that is able to obtain exact best polarity vector without 
constructing XOR terms for all polarities.      

To solve large-scale problems parallel computing has been 
used efficiently either by distributing computational loads 
among processors or by utilizing the large memory in parallel 
networked workstations. During recent years, a large number 
of scientific algorithms and specific applications have been 
successfully ported to multicore CPUs and manycore GPUs 
platforms. Implementations on these platforms are recognized 
as having the potential to considerably speedup or accelerate 
compute intensive algorithms over their equivalent single 
CPU core implementations [21], [22]. Parallel computing on 
multicore CPUs enables parallel processing on commodity 
hardware. Only very recently the possibility of using 
multicore CPUs to solve complex problems in logic design 
has been explored by many researchers, for example in [23], 
[24].  

Moreover, inspired by efficient execution of parallel 
problems in logic design and possibility of using multicore 
CPUs platform, in this paper it is proposed parallel 
implementation for computing the best fixed polarity Reed-
Muller transforms of Boolean functions in order to execute it 
efficiently on multicore-CPU platform. The computation of 
best transform is based on exhaustive search algorithms and it 
is implemented both with sequential code and through MPI 
(Message Parsing Interface) framework for parallel algorithms 
development. The proposed implementation exploits the 
various points of parallelism that can be found in exhaustive 
search based algorithm for best RM transform and made an 
efficient mapping of the points to the multicore CPU 
architecture. The experimental results confirm that the 
application of the proposed MPI implementation of best RM 
transform on multicore CPU leads to significant 
computational speedups over traditional C/C++ 
implementations processed on single CPU. 

This paper is organized as follows: Section 2 shortly 
introduces the fixed polarity RM transform of Boolean 
function and illustrates polarity influence on the size of the 
resulting RM form. In section 3, multicore CPU platform is 
discussed. In Section 4, it is described a proposed MPI 
parallel implementation to be executed on a multicore CPU 
platform. The features of proposed implementation for the 
computation of the best RM transform were experimentally 
tested in section 5. Section 6 offers some concluding remarks 
and directions for future work.    

II. REED-MULLER TRANSFORM  

A positive polarity Reed-Muller form (PPRM) is an 
exclusive-OR of AND product terms, where each variable 
only appeared in un-complemented form. Any n-variable 

1Miloš M. Radmanović is with the Faculty of Electronic
Engineering, Aleksandra Medvedeva 14, 18000 Niš, Serbia, E-mail:
milos.radmanovic@gmail.com 
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Boolean function given by truth vector 

[ ]TnfffF 12,,10, −= K can be represented by the PPRM form 
in matrix notation defined as [6]: 
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where⊗ denotes the Kronecker product, addition and 
multiplication are in modulo 2, )(nA represents the positive 
Reed-Muller transform matrix of order n, and )1(A is the basic 
positive Reed-Muller transform matrix. 

A fixed polarity Reed-Muller form (FPRM) is an exclusive-
OR of AND product terms, where each variable only appeared 
in complemented or un-complemented form, but not both. 
FPRMs are canonical representation of Boolean functions 
defined as [6]: 
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where FPRMs are specified by the polarity vector: 

[ ]nhhhH ,,, 21 K= ,     (7) 

where the component }1,0{∈ih specifies the polarity for the 
variable ix . If 1=ih , then the i-th variable is represented by 

the complemented literal ix , and when 0=ih , by the un-
complemented literal ix .  

An FPRM transform can be given by the FPRM spectrum 
H

fS calculated as: 

 FnAS H
H

f )(= .     (8) 

The choice of the polarity largely influnces the size of the 
resulting FPRM, as is shown by the following example: 
 

Example 1: The FPRM of a two-variable Boolean function f, 
given by the truthvector [ ]TF 0,0,0,1= , for a polarity vector 

[ ]0,0=H is given by: 
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The corresponding FPRM for [ ]1,1=H is given by: 
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Fast Fourier transform (FFT) is an algorithm for efficient 
calculation in terms of space and time of the Discrete Fourier 
transform (DFT). Extension of FFT to FPRM transform is 
straightforward, thanks to the so-called Good–Thomas 
factorization for Reed-Muller matrices [6], [7]. This feature is 
highly exploited in computing RM transform in the proposed  
implementation of best RM transform on multicore CPU. 

III. MULTICORE CPU PLATFORM 

During the past few years, the major chip manufacturers 
have realized that growing the processor’s clock speed is no 
longer practical because of its physical limitations. Therefore, 
they are now interesting on increasing their processors 
performance by integrating multiple processing cores. 
Particularly, parallel architectures, such as the multicore CPU 
and manycore GPU, have much attention for high 
performance computing on consumer level. Thus, many 
software applications which were developed for processing on 
single-core processors are now being reimplemented in order 
to efficiently exploit the multicore CPU hardware resources. 
To solve scientific problems we need not only fast algorithms 
but also a combination of good tools and fast computers.  

The model of the parallel processing that is developed in 
multicore CPU architectures is based on a large number of 
processor cores with the ability to directly address into a 
shared RAM memory. Those architectures provide parallel 
single instruction multiple datastream (SIMD) computing 
units, up to several processing cores, huge memory bandwidth 
and caches, and rather simple branching circuits. In SIMD 
computing, a large number of threads execute in parallel a 
single data-parallel function.  

There are several application programming interfaces 
which are available for the development of multicore CPU 
programs, like MPI, OpenMPI, OpenMP or TBB (Treading 
Building Blocks). MPI has become a widely used standard, 
though not necessarily the best language for parallel 
programming. Among the parallel programming standards, 
the MPI is very popular because of its rich interface. Also, the 
implementations available manage to bridge the performance 
gap between the hardware and the applications [25]. During 
an MPI application, data are exchanged among the various 
participating processes. The MPI programming paradigm is: 
each process may communicate with any other in the 
application. Process communication using a network is slower 
than process communication using shared memory [26]. 
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IV. REED-MULLER TRANSFORM ON MULTICORE 
CPU PLATFORM 

In this section, it is presented both implementations for 
FPRM transform with sequential code and through MPI 
framework. An outline of the sequential program for 
computation of FPRM transform on singlecore CPU platform 
is given as Algorithm 1. 

 
Algorithm 1 
1: Set the total number of non-zero coefficients in FPRM 

spectrum minC to maximum value. 
2: Determine the next polarity vector H, of the FPRM form 

according to the exhaustive rule. 
3: Compute the FPRM spectrum of polarity H based on the 

FFT-like calculation from truth vector of Boolean function. 
4: Calculate the total number of non-zero coefficients C in 

FPRM spectrum. 
5: If C < minC then minC = C. 
6: Stop if all polarities have been treated. Otherwise go to 

the step 2. 
7: Obtain polarity H having minimal number of non-zero 

coefficients (minC).     
 
The sequential program accepts a Boolean function, 

represented by its truth vector and obtain best polarity vector 
as having the influence in optimal size of the resulting FPRM. 
However, it should be noticed that finding the best polarity 
can be very CPU time consuming, since the methods for 
computing the FPRM transform (step 3) are exponential in the 
number of variables in the function.  

An outline of the parallel program for computation of 
FPRM transform on multicore CPU platform is given as 
Algorithm 2. This organization of computations allows to 
have a large number of processes performing the same 
operations on different data simultaneously which is a good 
match to the multicore CPU hardware. In considered 
mappings of sequential program, the input truth function 
vector is shared between processes and the FPRM spectrums 
of procesess are stored in the RAM memory. It should be 
noticed that very CPU time consuming part (computing the 
FPRM transform in step 3) is split up into cores tasks and 
each task is assigned one set of polarity vectores. Note that 
each task allocates only as much storage as needed for its 
arrays. 

However, this implementation is tailored for a specific 
vendor hardware and is thus not suitable for a generic case. 

Algorithm 2  
1: Set the total number of non-zero coefficients in FPRM 

spectrum minC to maximum value. 
2: Initialize the MPI execution environment using MPI_Init 

command. 
3: Get the number of processes (cores), and the id of this 

process using MPI_Comm_size and MPI_Comm_rank 
commands. 

4: Allocate memory for message passing of truth vector of 
Boolean function using MPI_Alloc_mem command. 

5: Use the id of this process and number of cores to work 
out which iterations to perform on determining the next 
polarity vector H. 

6: Determine the next polarity vector H, of the FPRM form 
according to the exhaustive rule. 

7: Compute the FPRM spectrum of polarity H based on the 
FFT-like calculation from truth vector of Boolean function. 

8: Calculate the total number of non-zero coefficients C  
9: If C < minC then minC = C. 
10: Stop if all polarities have been treated. Otherwise go to 

the step 6. 
11: Determine the minimal minC an find the id of process 

with minimal minC using MPI_Reduce command. 
12: If  id of process = id of process with minimal minC then 

obtain polarity H having minimal number of non-zero 
coefficients (minC). 

13: Terminates MPI execution environment using 
MPI_Finalize command. 

V. EXPERIMENTAL RESULTS  

In this section we compared the performance of our 
multicore CPU accelerated to a single-core CPU 
implementation for a sample set of random functions. Below 
we give Table 1 of computation performance using algorithms 
from previous section. The data in table are sorted in the 
increasing order of the number of functions variables.  

TABLE I 
COMPUTATION TIMES OF BEST REED-MULLER TRANSFORM ON 

SINGLE CPU AND MULTICORE CPU PLATFORM  

Num. of function  
variables 

computation time [s] 
CPU multicore CPU 

10 0.001 0.000 
11 0.125 0.019 
12 0.530 0.081 
13 2.294 0.364 
14 7.021 1.132 
15 38.564 6.536 
16 135.346 25.064 

 
The computations are testing on a PC Pentium IV on 2.66 

GHz with 4 GB of RAM. Multicore CPU that is used is an 
Intel i7 with and its 4 physical cores and hyper-threading 
yields 8 logical cores on desktop PCs. The MPI environment 
are developed using the Microsoft HPC Server 2008 [27]. All 
times in all tables are given in seconds. 

 As it can be seen from Table 1, the MPI implementation of 
the best RM transform clearly outperforms the referent 
sequential CPU implementation. The speedup, in terms of 
number of variables of the function, varies from the factor of 
6.5x to 5.5x.  

VI. CONCLUSION 

This paper proposes an efficient implementation of best 
fixed polarity Reed-Muller transform computation based on 
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exhaustive search of the all possible polarity vectors on 
multicore CPU platform. The ultimate goal is to exceed the 
computation performance for finding the best polarity, since 
the computation time for the FPRM transforms are 
exponential in the number of variables in the function. The 
proposed implementation exploits the parallel mapping of 
exhaustive search for best FPRM transform performing the 
same operations on different data simultaneously which is a 
good match to the multicore CPU hardware.  

The experimental results confirm that the application of the 
proposed implementation on multicore CPU platform leads to 
significant computational speedups. It is also confirmed that 
this implementation is especially efficient for functions with 
large number of variables. From results, it is evident that 
standard MPI framework can be efficiently used in 
implementation on parallel computation of best FPRM 
transform.  

Future work will be on extension of the proposed method 
and the algorithm to various other polynomial transform for 
Boolean functions. 
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Hybrid Evolutionary Algorithm for Integer Multiple-
Objective Optimization Problems  

Vassil Guliashki1, Krasimira Genova2, Leoneed Kirilov3 

Abstract – A reference point hybrid evolutionary algorithm is 
proposed. It combines a heuristic for fast moving the population 
with fitness function evaluation based on scalarizing approach. A 
dialog with the decision maker in an interactive manner is 
included. A test example is presented to illustrate the 
performance of the new hybrid evolutionary algorithm. 
 

Keywords – evolutionary algorithms, multiple-objective  
optimization, hybrid heuristic techniques. 
 

I. INTRODUCTION 

The evolutionary multi-objective optimization (EMOO) is a 
popular and useful field for research and development of 
algorithms which solve many real-life multi-objective 
problems ([3, 8]). EMOO has been evaluated as a very fast 
growing field of research and application ([3, 8]).  

The Evolutionary Optimization (EO) algorithms use a 
population-based approach, in which the iterations are 
performed on a set of solutions (called population) and more 
than one solution is generated at each iteration. The main 
reasons for the popularity of EO algorithms are the following: 
 

(i)   They do not require any derivative information; 
(ii)   EO algorithms are relatively simple to implement; 
(iii)  EO algorithms are flexible and robust, i.e., they 

perform very well on a wide spectrum of problems ([7]). 
To reduce the number of iterations in the new algorithm a 

combination of EO-approach and a heuristic, designed to 
move the population to the Pareto-optimal front is used. 

II. PROBLEM FORMULATION AND APPROACHES 
FOR ITS SOLVING 

The integer multi-objective convex optimization problem 
can be stated as follows: 

             Min  f(x) = [ f1(x), f2(x), …, fk(x)]T               (1) 
subject to:   gj(x) ≤ 0,           j = 1, 2, ..., m,         (2) 

           xi
(L) ≤ xi ≤ xi

(U),  i = 1, 2,…, n,          (3) 
x ∈ Zn,                           (4) 

where  gj(x),  j = 1, 2,…, m are convex functions;  
xi

(L) and xi
(U) , i = 1, 2,…, n  are the known lower and 

upper bound of the variable xi  respectively; 
fj(x), j = 1, 2,…, k  are convex nonlinear functions. 

Further on the solution x∈Zn denotes a vector of n decision 
variables: x = (x1, x2,…, xn)T. The constraints (2)-(4) constitute 
a feasible decision domain V ⊂ Zn.  

S = f(V) = { s = f(x), x∈V}  is a k-dimensional 
objectives’ region, S ⊂ Rk.  
We shall use the term “solution” as a vector of variables in the 
decision space and the term “point” as a vector of the criteria 
values in the objectives’ space. 

  Definition: A solution x(1) is said to dominate the solution 
x(2), if the following two conditions are true: 

1. The solution x(1) is not worse than x(2) in all the 
objectives. Thus, the solutions are compared based on their 
objective function values. 

2. The solution x(1) is strictly better than x(2) in at least one 
objective. 

All the points which are not dominated by any other point 
s ∈ S, are called Pareto-optimal points. They constitute 
together the Pareto-optimal front ([1, 3]) in the objectives’ 
space. 

Two basic approaches are applied to solve the above 
formulated multi objective problem (1)-(4). The first approach 
is to choose one "best/ final" non-dominated solution among 
many others. Because the set of non-dominated points consists 
of equally good points then additional information for the 
choice is necessary. It comes usually from human factor. In 
other words the so called Decision Maker (DM) evaluates the 
solutions obtained during the process of solution. A number of 
methods realizing this approach exist ([1, 2, 3, 8, 14]). 

The second approach is to find the whole set of non-
dominated points (efficient frontier). This problem is solved 
completely only for linear case ([4, 6, 11, 20]). There exist 
also approximate algorithms applying this approach.  

Evolutionary algorithms seems to be very suitable to apply 
the second approach, namely to find an approximation for the 
whole non-dominated set. Indeed there are a number of EO 
methods ([1, 5, 10]).  

Here an evolutionary algorithm is proposed, which applies 
the first approach. It performs with limited population, but 
large enough to approximate locally the efficient frontier 
directed by the DM's preferences. The iterative procedure is 
repeated until a final solution is found. Thus we exploit the 
advantages of EO approach to generate a good approximation 
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of efficient frontier. Using traditional heuristic scalarizing 
methods there arises the question – how to support the DM in 
setting new preferences. Some of those methods use trade-off, 
other use search in a reference direction, or generate a 
reference points ([12, 15, 16, 18]). In this paper DM can set 
his local preferences at each iteration in terms of desired 
improvements or relaxations of the criteria (as a reference 
point). On this basis a discrete optimization scalarizing 
problem is constructed. A small ranked set of relatively close 
alternatives is defined with the help of this scalarizing 
problem. The ranked set is presented to the DM for selection 
of the most preferred alternative or for entering his/her new 
local preferences. In short the characteristics of the new 
proposed algorithm are the following: 

• A heuristic procedure is used to accelerate the 
moving the whole population towards the Pareto front. It is 
similar to those, described in [9]. In this way we avoid the 
slow speed performance of the evolutionary algorithms.  

• An interaction step is included, where the Decision 
Maker sets a reference point f 

r in the objectives’ space (see 
[13, 17, 19]). The DM has the possibility to change his/her 
preferences periodically and to replace the former reference 
point by a new one. This step ensures the convergence of the 
proposed algorithm to a desired non-dominated solution. 

III. THE PROPOSED EVOLUTIONARY ALGORITHM 

We use a population P of N solutions found during the 
search process.  

We propose a heuristic procedure to move quickly the 
initial generated population to the Pareto-optimal front. For 
this purpose we calculate the direction y = Cref – Ci, where 
Cref is a reference point given by DM and Ci is the weight 
centre of all solutions in P. Then we move the population as 
close as possible to the Pareto-optimal front (reaching 
eventually the boundaries of the system (2)-(3)). We perform 
consecutive steps calculating solution x’ = x + α.y , where α is 
the step length. In case x’ violates any constraint in the system 
(2) or in case the current step in y – direction leads to 
deteriorating the criteria values, the corresponding feasible 
solution is calculated using the Golden section method for line 
search along the segment xx’ and by rounding it to an integer 
solution. The Pareto-optimal front may be located: 

1) on the boundary of the feasible domain. 
2) inside the feasible domain. 
We present below the scheme of this heuristic, reaching 

the Pareto-optimal front in both cases: 

A. Scheme of the proposed heuristic procedure 

We use the function 
1

( ) ( )
k

i
i

x f xϕ
=

= ∑ , where ( )if x is current 

value for the i-th objective, i = 1, …, k.  

   Step: Find the minimal value of the function φ(x) over the 
rays defined by each population solution belonging to the 
initial population P0 and the vector y.  The Golden section 
method is used for this calculation.  
 

The above heuristic is based on the following theoretical 
properties: 

1) The direction y is an improving direction by 
construction. This means that between every two different 
solutions x1 and x2 lying on a ray y→ with starting solution Ci 
the following relations are satisfied: f(x1) ≤ f(x2) or f(x1) ≥  
f(x2), but the solutions x1 and x2 are not incomparable.  

2) The function φ(x) obtains its minimum at a point 
which is located on the Pareto optimal front. 

B. Scalarizing problem formulation 

At each iteration iter a ranked set M ={i1, i2,……, il} of 
alternatives is generated. The first alternative is the current 
preferred alternative and l is the number of generated 
alternatives, which the DM is willing or is able to evaluate at 
this iteration. The DM has to estimate the relatively close 
alternatives and to choose one of them either as a current 
preferred or as the most preferred alternative. In the second 
case the discrete multicriteria choice problem is solved. In the 
first case the DM sets the desired changes of the criteria 
(desired values for improving (relaxing)) in order to search for 
a new better alternative in the reference neighborhood of the 
current preferred alternative.  

 Let h denotes the index of the current preferred 
alternative. Let us introduce the following notations in relation 
to the current preferred alternative: 

≥
kK  - the set of indices of the criteria j ∈ J that the DM 

wants to improve by desired (aspiration) values hjΔ ; 
≤
hK  - is the set of indices of the criteria j ∈ J that the 

DM agrees the values of the criteria to be deteriorated by no 
more than hjδ ; 

0
hK  - the set of indices of the criteria j ∈ J in which the 

DM is not interested concerning alteration at the moment and 
these criteria can be freely altered; 

hja  - the desired (aspiration) value of the criterion with 

an index ≥∈ hKj ; 
≥∈Δ+= hhjhjhj Kjaa ,  

hja  - the value of a criterion with an index ≥∈ hKj  in 
the current preferred alternative; 

jΛ  - the difference between the maximal and minimal 
value for the criterion with an index j; 

ijIijIi
j aia

∈∈
−=Λ minmax  

The set M = (i1, …..il) is computed solving the following 
discrete scalarizing problem: 
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min ( , ) min{max[max( ) / ,

max(( ) / ]}
h

h

hj ij ji I i I j K

hj ij j
j K

S i h a a

a a

≥

≤

∈ ∈ ∈

∈

= − Λ

− Λ
        (5) 

  subject to: 

hjhjij aa δ−≥ , ≤∈ hKj .                                    (6) 
When solving a discrete optimization problem S the value 

of S(i,h) is computed for all alternatives for which the 
conditions (6) are satisfied. Function S(i,h) denotes the 
distance between alternatives i and h with respect to the 
“modified” Chebyshev norm. The alternatives correspond to 
the fitness function values of solutions in the current 
population in the proposed new hybrid algorithm. 

C. Scheme of the new algorithm 

Step 1. Set the iteration counter iter = 0. Generate N 
uniform distributed solutions’ vectors around the Chebyshev 
centre Ch of the feasible domain by using a deviation of ±δ, 
where δ is a % of the corresponding component variation (for 
example, δmax = ±5%). Use them to create the initial 
population Piter .  

Step 2. Find the solutions in Piter whish are the best 
according to the value of each objective. Show them to DM 
and ask him/her to choose one of them as a initial reference 
solution xr, or a group of them, which weight centre will be 
the initial reference solution xr.  The corresponding reference 
point is denoted by f r. Compute the weight centre Ci of all 
solutions Piter. Form the moving direction d = xr – Ci.   

Step 3. Move the population Piter in direction d:   
{Pnew} = {Piter d}. Each solution is moved as close as 
possible to the Pareto-optimal front (reaching the boundaries 
of the system (2)-(3) if necessary) along this direction by 
using the Golden section method for line search as in the 
heuristic procedure. 

Step 4.  Calculate fitness values for each solution in  
Piter using the scalarization function S(i,h) of (5)-(6), where 
i=1,..N; and h denotes the index of the current preferred point. 

Step 5. Arrange all the points corresponding to the 
solutions in Piter in ascending order according their S-values. 
Show the first ten points to DM. DM evaluates visually them 
and if he/she is satisfied by one of them, go to Step 8, 
otherwise DM chooses the current best solution xbest. Set 
iter=iter+1, Piter=Pnew, and go to Step 6. 

Step 6. Compute the weight centre C of the population 
Piter. Form the moving direction p = xbest – C.  Compute a 
series of solutions t j = C + j.p, j = 1,…; and present the 
corresponding points f(t 

j) to the DM as possible reference 
points. The DM chooses one of them as a new reference point 
f r. The corresponding solution is denoted by xr. 

Step 7. Calculate direction d in which will be moved the 
whole population Pite:   d = xr – C.  Go to Step 3. 

Step 8. End.  

IV. ILLUSTRATIVE EXAMPLE 

We consider the following problem: 
Min    f1 = 1/(x1+1), 
Min    f2 = 1/(x2+1), 
Min   f3 = (x1.x2)/(x1+1).(x2+1)2, 

 subject to:   x1
2 + 100x2

2  ≤ 106;  – x1 + 15x2 – 1200 ≤ 0; 
                    0  ≤  x1  ≤  1000;        0  ≤   x2   ≤  100; 

  x1, x2 ∈ Z. 
The search process of one iteration is presented on Fig.1  

 
Legend:   
* –  initial population P0 
Δ – weight centres Ci and Ce 
□ – members of Pe0 
+ –  Ph at the end of Step 2 
x – solutions t j at Step 3 
o – members of  final   
      population  

 – ref. solution xr* 
               

Fig. 1. One iteration 
 

We denote values fi
r =  fi.103. The initial population P0 at Step 

1 is:  x1 = (500; 50), f1
r = (1.996; 19.608; 19.185), x2 = (506; 

29), f2
r = (1.972; 33.333; 32.158), x3 = (482; 30), f3

r = (2.070; 
32.258; 31.163), x4 = (493; 52), f4

r = (2.024; 18.868; 18.474), 
x5 = (477; 41), f5

r = (2.092; 23.810; 23.194), x6 = (485; 35), f6
r 

= (2.058; 27.778; 26.950), x7 = (504; 40), f7
r = (1.980; 24.390; 

23.748), x8 = (487; 41), f8
r = (2.049; 23.810; 23.195), x9 = 

(488; 27), f9
r = (2.045; 35.714; 34.368), x10 =(479; 36), f10

r 
=(2.083; 27.027; 26.242);. At Step 2 the best solutions chosen 
by the DM are x1 and x4. Their weight centre is xr = (497; 51). 
The weight centre of all solutions in the population P0 is Ci = 
(490; 38). So d = xr – Ci = [7; 13]. At Step 3 the whole 
population is moved to the Pareto-optimal front. The 
following solutions are obtained: x1 = (519; 85), f1

r = (1.923; 
11.628; 11.471), x2 = (534; 84), f2

r = (1.869; 11.765; 11.605), 
x3 = (510; 86), f3

r = (1.957; 11.494; 11.340), x4 = (511; 85), f4
r 

= (1.953; 11.628; 11.470), x5 = (502; 86), f5
r = (1.988; 11.494; 

11.340), x6 = (512; 85), f6
r = (1.949; 11.628; 11.470), x7 = 

(527; 84), f7
r = (1.894; 11.765; 11.604), x8 = (510; 86), f8

r = 
(1.957; 11.494; 11.340), x9 = (519; 85), f9

r = (1.923; 11.628; 
11.471), x10 =(506; 86), f10

r =(1.972; 11.494; 11.340);. At Step 
5 are calculated the S-values of all solutions in P. At Stem 6 
as xbest is chosen the solution x10 =(506; 86). The weight 
centre C of all solutions in P is C = (515; 85). The vector p = 
xbest – C = [-9; 1]. For t2 the DM makes a choice of reference 
solution xr = (488; 88) and the corresponding reference point 
is: f r = (2.045; 11.236; 11.087). At Step 7 the vector d = xr – 
C = [-27; 3]. At Step 3 are obtained the solutions: x1 = (492; 
87), f1

r = (2.028; 11.364; 11.212), x2 = (507; 86), f2
r = (1.969; 

11.494; 11.340), x3 = (474; 88), f3
r = (2.105; 11.236; 11.086), 

x4 = (484; 87), f4
r = (2.062; 11.364; 11.211), x5 = (474; 88), f5

r 
= (2.105; 11.236; 11.086), x6 = (485; 87), f6

r = (2.058; 11.364; 
11.211), x7 = (500; 86), f7

r = (1.996; 11.494; 11.339), x8 = 
(483; 87), f8

r = (2.066; 11.364; 11.211), x9 = (492; 87), f9
r = 

(2.028; 11.364; 11.212), x10 =(474; 88), f10
r =(2.105; 11.236; 

11.086);. At Step 4 DM is satisfied by solution x3 = (474; 88), 
f3

r = (2.105; 11.236; 11.086) and the calculations are 
terminated. 
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V. CONCLUSION 

The basic characteristics of the proposed interactive 
evolutionary method solving convex integer multi-criteria 
problems may be summarized as follows: 

• it is an interactive algorithm; 
• the new algorithm is population – based and 

combines a heuristic for fast moving the population to the 
Pareto-optimal front with scalarizing approach to arrange the 
solutions in the current population. 

•  the algorithm proposed explores only a desired part 
of the Pareto optimal front in contrast to other algorithms, 
where the purpose is to obtain a representative sample of the 
whole Pareto-optimal front; 

•  an accelerated moving the whole population to the 
Pareto-optimal front is achieved, leading to better efficiency 
in comparison to the usual evolutionary algorithms; 

•  The increasing the number of objectives in the 
optimization problem does not have essential influence on the 
performance of the search procedure. 

•  The Decision Maker is supported in the choice of a 
suitable reference point, so that he/she can easily direct the 
search process to the desired region.  

The approach demonstrated by the new algorithm may be 
used for solving linear and nonlinear multiple objective 
optimization problems, having continuous and/or integer 
variables. 
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Reasoning-enabled Semantic E-Learning Approach 
Martin Jovanović1 and Dejan Todosijević2 

Abstract – This paper discusses a collaborative e-learning 
framework, based on Semantic Web concepts, which allows a 
certain degree of automated reasoning. The proposed framework 
is an extension to the existing DSi 2.0 framework developed at 
the Computer Science Department of the Faculty of Electronic 
Engineering Niš, Serbia. This framework has bi-directional 
communication with the learner, allowing them to alter the 
course material semantics. With each user interaction, implicit 
semantic data may occur. This data is inferred via the reasoner 
and added to the semantic layer for faster retrieval. Expected 
challenges have been discussed and the optimal solution, within 
given constraints, have been proposed. 
 

Keywords – e-learning, semantic web, dsi, reasoning. 

I. INTRODUCTION 

A. E-learning 

The framework model discussed is being developed 
primarily as an e-learning tool. As such, it is aimed at 
satisfying several key aspects of e-learning, such as just-in-
time approach that includes value chains [1], or delivery of 
individualized, dynamic real-time material [2], just when it's 
needed, and in quantities needed [3]. Though these 
requirements appear rather demanding, dynamic aggregation 
of learning units can be achieved by means learning objects 
[4], small units of instructional material that can be combined 
to form lessons and courses. In order to achieve that, each 
learning object must contain rich metadata, possible 
combinations of learning objects require specialized data 
structures and decision-making algorithms. This is why the 
tutoring systems that perform these operations are sometimes 
defined as the application of artificial intelligence on 
education. [5] However, artificial intelligence alone is not 
sufficient. It is only the Semantic Web that can provide all the 
expressivity and tools needed to put these concept into 
motion. 

B. Semantic E-learning 

The list of applications of Semantic Web tools and  
technologies in e-learning is comprehensive. [6] Envisioned 
as the "web of machines", with machine-understandable 
(rather than solely human-understandable) data - at least 
within an additional data layer - this approach is aimed at data 
integration (from various sources) as well as autonomous 
decision-making. [7] This approach accurately maps to the 

autonomous on-demand assembly of learning material from 
various learning object repositories, under well-defined 
conditions, with machines equipped with sufficient reasoning 
power. This, in turn, requires languages for expressing 
semantics, data structures (ontologies) and reasoning 
algorithms. The system described in this paper (DSi) benefits 
from one subset of these technologies in order to extend 
interactivity and accelerate the learning process - with a 
certain degree of autonomous reasoning ability. 

II. DRAG AND DROP SEMANTIC INTERFACE 

A. DSi 1.0 

The Drag and Drop Semantic Interface (DSi) was first 
presented in 2007 [8] and developed in version 1.0 in 2009. 
[9] It is web-based e-learning framework (or concept), rather 
than a stand-alone application. It consists of two layers: a 
textual learning material and a semantic layer. Semantic 
document (in RDF/XML format) holds relations between 
notions in the textual material (notions are mapped to single 
words in the text), expressed as RDF triples. An RDF triple 
example, asserting that Grinder is a cofounder of NLP. The 
foaf namespace has been used during development and is of 
no particular relevance. 

 
<?xml version="1.0"?> 
<rdf:RDF 
xmlns:eg="http://example.org/foovocab#"        
xmlns:foaf="http://xmlns.com/foaf/0.1/"       
xmlns:rdf="http://www.w3.org/1999/02/22-rdf-
syntax-ns#" 
 <foaf:Person rdf:nodeID="Grinder"> 
<foaf:name>Grinder</foaf:name> 
<eg:was_a_cofounder_of rdf:nodeID="NLP"/> 
</foaf:Person> 
</rdf:RDF> 

Fig. 1. One RDF/XML statement example 
 
On page load, all the words from the text that exist in the 

RDF document (as statement subjects or objects) are assigned 
drag-and-drop capability. By virtue of dragging one word and 
dropping it onto another, the learner can query the semantic 
document for any relations that might exist between the two 
chosen words, as shown in Fig. 2. The first version was 
implemented completely on the client side. 

 

1Martin Jovanović is with the University of Niš, Faculty of 
Electronic Engineering, Aleksandra Medvedeva 14, 18000 Niš, 
Serbia, E-mail: martin.jovanovic@elfak.ni.ac.rs 

2Dejan Todosijević is with the University of Niš, Faculty of 
Electronic Engineering, Aleksandra Medvedeva 14, 18000 Niš.   
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In the updated version (DSi 1.5) the web application was 
ported to PHP and the semantic layer was transferred to the 
server. [10] The DSi 1.5 demo application1 is shown in Fig. 3. 
This was done primarily because the semantics is what adds 
value to the learning material and may be subject to corporate 
restrictions. In this version, the user interaction with the 
system (drag-and-drop action) invokes a server-side function 
that queries RDF and returns only relations for the chosen 
word pair. Exhaustive querying is possible though, but 
expensive due to the slow nature of GUI interaction. In this 
version, unsuccessful interactions (drags and drops of words 
that have no relation between one another) are prevented by 
additional marking of the related words: on the drag action, all 
words that are in relation with the one dragged are retrieved 
and marked (by color, underline or any appropriate CSS 
attribute). Still, the word can be dropped on any droppable, 
with or without a relation. 

 
Probably the main characteristic of both DSi 1.0 and 1.5 is 

that the communication with the learner is uni-directional: the 
learner can only retrieve information from the system. All the 

1 Demo application URL: dsi.martin.rs (20.03.2013.) 

semantic data must be predefined by instructional designers, 
and expressed in the proper RDF/XML form. This can be 
done using any of the popular ontology editors, such as 
Protégé, [11] Semantic Works (discontinued), [12] TopBraid, 
[13] NeOn [14] etc. This approach requires the instructional 
designers (domain experts, but not necessarily from the IT 
domain) to have certain technical knowledge - which is rather 
limiting for wide use. 

The other important characteristic of DSi is its lexical 
approach to semantics: both notions and relations are pure 
text. Notions are single words from the text, while relations 
are freeform human language expressions - human, but not 
machine-understandable. This adds to system simplicity, but 
subtracts from additional semantic options, such as reasoning. 

 
B. DSi 2.0 

The latest implemented version of the framework (DSi 2.0) 
takes a significantly different approach to interactivity - it is 
bi-directional. In this version, not only can the learner query 
the document semantics, but they also can add new relations - 
thus contributing to the semantic layer. This was achieved by 
splitting the framework functionality into two modes: read 
mode and edit mode (shown in Fig. 4). Edit mode is different 
in sense that all the words from the learning material are set as 
drag-droppable (by wrapping each word in a separate HTML 
span tag). From the user's perspective, not only marked - but 
all words can be dragged and dropped onto any. Highlighting 
is used to indicate words that the chosen (dragged) word is 
related, to avoid zero-result queries. On each drop, current 
relations are displayed but a textbox for adding a new relation 
is shown also. Learner is free to add as many relations as they 
want. The system only checks for duplicate relations (in 
lexical terms - as identical strings). 

 
DSi 2.0 aims at introducing the Web 2.0 approach to 

learning. Users can freely contribute to the semantic 
knowledge base, learning can gain collaborative dimension, 
and by introducing grading to students' relations - this system 
leads to a form of peer assessment. However, in terms of 
relations, it doesn't differ from its predecessor. Relations are 
freeform strings, expressing only human-understandable 
meaning - flat to machines. As mentioned before, this 
approach has been chosen for simplicity while the system is in 
early testing phases. Moreover, the framework was developed 
with students of various fields in mind - who cannot be 
expected to put much time and effort in defining precise 

 

Fig. 2. DSi 1 typical user interaction 

 

Fig. 3. DSi 1.5 demo application 

 

Fig. 4. DSi 2.0 edit mode interaction 
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relations, not to mention giving them in a strictly formal way. 
However, it significantly limits application of machine power 
on the level of semantics. 

III. REASONING IN DSI 2.0 

A. Expression and Reasoning 

In order to infer any conclusion, the data upon which the 
reasoning is performed must be well-structured and expressed 
in a reasoner-understandable way. Current integration of 
Semantic Web (as of December 2012) offers 4 layers of 
expressiveness, in the form of 4 languages: RDF, [15] RDFS, 
[16] OWL [17] and OWL 2. [18] These languages stack 
expression wise in respective order. 

RDF is the simplest among those and offer assertional 
knowledge representation, such as class membership and 
property membership. This language has been chosen for DSi 
for two main reasons: simplicity of implementation (and 
existence of a PHP-based framework to manipulate it), [19] 
and simplicity of user interactions with the system - remaining 
firmly in the domain of simple human expressions. 

More complex expressions, such as taxonomy (hierarchy of 
classes) require RDF Schema (RDFS). This language also 
allows for property hierarchy, as well as defining domains and 
ranges, all of which gives more expressive power, yet limited 
in some aspects - probably most important of which being 
relation properties. 

OWL inherits RDF in tools to assert fact and RDFS in class 
and property structuring, but expands them in several 
important directions. It can define new classes as unions, 
intersections or complements of the existing, closed classes, 

build new classes by means of quantifiers, cardinality 
restrictions or class, property or individual names. It also 
allows inference of the existence of a property by chaining 
existing ones. Properties can also be defined as inverse or 
disjoint with another properties. OWL was layered into 3 
sublanguages: OWL Lite, OWL DL and OWL Full, with both 
expressiveness and computational time rising respectively. 

The second iteration f OWL (known as OWL 2) inherits the 
OWL in sense that any valid OWL ontology is a valid OWL 2 
ontology, and adds new features like disjoint union of classes, 

keys, property chains, data ranges, asymmetric, reflexive and 
disjoint properties and enhanced annotation capabilities. It is 
defined through three profiles: EL, QL and RL, any of which 
are trimmed versions of OWL 2 that trade some expressive 
power for reasoning efficiency. 

B. The Reasonable Framework Architecture 

All expressive power offered by these languages allows for 
precise description of various concept - and any relation in the 
learning material can be described in a well-formed manner, 
allowing full reasoning power. This, however, contrasts with 
principles of collaborative learning - the very aim of DSi 2.0 
approach - in which the freedom of form in contributing is one 
of the key motivational factors, and where too much of 
superimposed form proves discouraging and demotivating. 
[20] The proposed framework architecture is balanced 
between these two opposed requirements: sufficient form and 
expressiveness to allow reasoning, and sufficient simplicity 
and freedom of human expression as the motivational aspect. 
Given the constrains, the chosen reasoning enabler is the 
transitivity. The main reason for this is the following: from the 
user's perspective, relational properties are straightforward: 
they can be defined in an immediate fashion, for one specific 
relation in question, without lateral references (such as 
sets/classes related entities might belong to); the user doesn't 
have to "look around" the context and find other links that the 
current relation they are adding (or entities it connects) might 
have with it - this would impose additional cognitive load and 
time, and thus demotivate. Even if we consider a property as 
simple as the inversion (one relation being inverse to another), 
this involves two relations, i.e. up to four entities (notions 
from the text), so the learner cannot stay on their contributed 
relation, but instead needs to refer to another one (or more). 
Relational property of choice for the initial "reasonable" 
version of DSi is transitivity; by defining a relation as such, 
reasoner can easily infer implicit relations, while the user 
interactions remain as simple as possible. 

Neither RDF nor RDFS can express transitivity - the farther 
the RDFS goes is class and property taxonomy. In order to 
define transitivity, one must resort to the first version OWL. 

C. User Experience and Semantic Changes 

From the user perspective, system will undergo one small 
change: when prompted to enter a new relation, user is offered 
a checkbox for transitive relation property (yes or no), as 
shown in Fig. 5, and additional help line may be included. 
This way, action required consists of entering a new relation 
and checking (or not) that it is by nature transitive. 

Corresponding semantic language change consists of a new 
OWL element: owl:ObjectProperty. This statement adds 
transitivity to the newly-added relation. In the example case, 
the statements are as following: 
 
<rdf:Description rdf:ID="processor"> 
  <is_a_part_of rdf:resource="computer" /> 
</rdf:Description> 
 

 

Fig. 5. User experience change 
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<owl:ObjectProperty rdf:ID="is_a_part_of"> 
  < 
   rdf:type 
   rdf:resource="&owl;TransitiveProperty" 
  /> 
</owl:ObjectProperty> 
 
The first statement asserts that the processor is a part of a 

computer. This is the relation the user has added to semantics. 
For simplicity case is ignored, and plural has been deliberately 
avoided in the example sentence. 

 
Should the same or another user add the same relation 

between other two notions (e.g. transistor and processor), two 
statements would be present: 

 
<rdf:Description rdf:ID="processor"> 
  <is_a_part_of rdf:resource="computer" /> 
</rdf:Description> 
 
<rdf:Description rdf:ID="transistor"> 
  <is_a_part_of rdf:resource="processor" /> 
</rdf:Description> 
 
Combined with the transitivity of this relation, it can be 

inferred that transistor is a part of computer. 

D. Reasoners 

W3C maintains a list of OWL compliant reasoners, most of 
which are free and open-source. [21] However all available 
reasoners are implemented in Java, mostly due to the 
availability of OWL API for this language. Since the DSi 
framework was developed in PHP, bridging between the 
application and the reasoner is possible either with a Java 
enabled server, or through evoking a reasoner on a remote 
server (e.g. through the DIG protocol). [22] The 
implementation with least technical challenges was chosen - 
the reasoner setup within the local (Apache) server, wrapped 
in the CGI. This approach doesn't require Java servlets, which 
are not necessary for it is only the reasoner I/O that is required 
for the semantic document update. 

IV. CONCLUSION 

In this paper an extension to the DSi 2.0 semantic-based 
collaborative e-leaning framework, that adds reasoning 
capability, has been discussed. The current DSi 2.0 
framework, as well as the previous DSi 1.0/1.5 versions, on 
which the current proposed architecture is based, have been 
briefly described. In building the proposed architecture, two 
opposed requirements have been followed: the system should 
have enough expressiveness to enable reasoning (the more the 
better), but users - learners - must not be presented with too 
complex tasks when contributing to semantics, to avoid 
demotivation. The proposed solution is transitivity: for each 
contributed relation, learners are offered a checkbox to 
confirm that the new relation they add is by its nature 
transitive. This is a non-invasive approach that is expected to 
show the applicability of automated reasoning in systems 

based on the DSi approach. In order to achieve this, a bridge 
from PHP (DSi) to Java (reasoner) must be obtained. Further 
development may include adding other relation properties 
(reflexivity, symmetry) and/or equal/inverse properties, but 
with constant caution not to introduce too much complexity 
into the interaction with learners. 
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Efficient Parallel Computation of the                         
Galois Field Expressions for Ternary Logic Functions  

Dušan B. Gajić1 and Radomir S. Stanković1 

Abstract – This paper presents a comparison of the time 
efficiency of parallel implementations of the Cooley-Tukey 
algorithm for computing Galois field expressions for ternary 
logic functions. The examined parallel implementations are an 
MPI (Message Passing Interface) implementation, processed on a 
multicore CPU (central processing unit), and CUDA (Compute 
Unified Device Architecture) and OpenCL (Open Computing 
Language) implementations, processed on the GPU (graphics 
processing unit). Program running times are compared using 
randomly-generated ternary functions with different number of 
variables. The experiments show that the MPI parallel 
implementation is up to 4.6 times faster than the C++ sequential 
implementation when the algorithm is performed on a quad-core 
CPU. The CUDA and OpenCL implementations on the GPU 
with 8 streaming multiprocessors are up to 30 and 22 times, 
respectively, faster than the C++ CPU implementation. These 
speed-ups are up to 7 and 4.5 times, respectively, when compared 
with the MPI CPU implementation. The CUDA GPU 
implementation is from to 2% to 53% faster than the OpenCL 
implementation, depending on the number of variables in the 
considered function.         

   
Keywords – Spectral transforms, multiple-valued logic, fast 

Fourier transform, Galois field expressions, Cooley-Tukey 
algorithm, parallel implementations, GPU computing, MPI, 
CUDA, OpenCL. 

I. INTRODUCTION 

Moore’s law has remained valid during the last decade only 
by a switch to multicore and manycore parallel processor 
architectures [4]. Today’s computer systems are typically 
composed of multicore CPUs (central processing units) and 
manycore GPU (graphics processing units), but also feature 
specialized processors such as DSPs (digital signal 
processors). In order to efficiently use these heterogeneous 
and parallel computational platforms, existing parallel 
programming standards for CPUs, such as MPI (Message 
Passing Interface) [3, 12], were extended, and completely new 
computational and programming models for GPUs, such as 
CUDA [8, 10] and OpenCL [7, 9], were developed.            

This paper is a case study on performance of MPI, CUDA, 
and OpenCL parallel implementations of the Cooley-Tukey 
algorithm for computing Galois field (GF) expressions for 
ternary logic functions. Since the time for computing a GF(3) 
expression is exponential in the number of variables of a 
given function, processing time is often a limiting factor for 
practical applications of GF-expressions, in spite of the 

existence of FFT (fast Fourier transform)-like algorithms [13]. 
Therefore, the development of parallel implementations of 
algorithms for computing Galois field expressions is an 
important task for the application of these expressions in 
practice. The case study presented in this paper aims at 
identifying the computing platform and programming 
framework which is most suitable for the considered 
computations in terms of processing times.    

The paper is organized as follows. In Section II we briefly 
define the Galois field expressions for ternary logic functions 
and Cooley-Tukey algorithms for computing the coefficients 
in these expressions. To make this paper self-contained, basic 
information about MPI, CUDA, and OpenCL parallel 
programming models is provided in Section III. Details of 
mappings and implementations are discussed in Section IV. 
Section V presents the experimental results. Section VI offers 
some conclusions and directions for further work.     

II. GALOIS FIELD EXPRESSIONS                              
FOR TERNARY FUNCTIONS 

In this section we present the definition of the Galois field 
expressions for ternary logic functions and Cooley-Tukey 
algorithms for computing the coefficients in these 
expressions. For more detailed discussions of these topics, we 
refer to [13]. 

Each ternary function of n variables can be represented as a 
polynomial of the form 

3 1

1 2
0

( , ,..., ) ,
n

n i i
i

f x x x g φ
−

=

= ∑   (1) 

where {0,1, 2,3},ig ∈  and iφ  are the product terms defined in 
the natural (Hadamard) order as elements of the vector 

3 ( )GF nX  defined as 
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= ⊗ =X X X          (2) 

The symbol ⊗ denotes the Kronecker product. Additions and 
multiplications are carried out modulo 3, i.e., in GF(3). 

Therefore, the set of basic functions for n = 1 is given by 
columns of the matrix  

3

1 0 0
(1) 1 1 1 .

1 2 1
GF

⎡ ⎤
⎢ ⎥= ⎢ ⎥
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X            (3) 

In matrix notation, the coefficients gi in the Galois field 
expression for a function f, specified by the function vector 

[ (0), (1),..., (3 1)] ,n Tf f f= −F  are computed as 

,3 3 ( ) ,f GF GF n=S G F    (4) 
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of Niš, Faculty of Electronic Engineering, Aleksandra Medvedeva
14, 18000 Niš, Serbia, E-mails: dule.gajic@gmail.com,
radomir.stankovic@gmail.com. 
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where 

1
3 3 3 31

1 0 0
( ) (1), (1) ( (1)) 0 2 1 .

2 2 2

n

GF GF GF GFi
n −

=

⎡ ⎤
⎢ ⎥= ⊗ = = ⎢ ⎥
⎢ ⎥⎣ ⎦

G G G X   (5) 

Example 1. For n = 2, the Galois field transform matrix in 
GF(3) is defined as 

3 3 3

1 0 0 1 0 0
(2) (1) (1) 0 2 1 0 2 1

2 2 2 2 2 2
GF GF GF

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

G G G  

1 0 0 0 0 0 0 0 0
0 2 1 0 0 0 0 0 0
2 2 2 0 0 0 0 0 0
0 0 0 2 0 0 1 0 0

.0 0 0 0 1 2 0 2 1
0 0 0 1 1 1 2 2 2
2 0 0 2 0 0 2 0 0
0 1 2 0 1 2 0 1 2
1 1 1 1 1 1 1 1 1

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

  (6) 

 
Example 2. For a ternary function of two variables f(x1, x2) 
given by the vector F = [0,1,2,0,2,1,2,0,0]T, the GF(3) 
transform matrix is as in Example 1.  

From (4), the coefficients in the GF(3) expression for f are 
computed as 

,3 3 (2) [0,1,0, 2,1,1,1,0,2] .T
f GF GF= =S G F  

This computational complexity is O(N2), where N = 3n is 
the length of the function vector.  

The same computation can be performed using the Cooley-
Tukey FFT-like algorithm, with an O(NlogN) asymptotical 
time complexity [13]. The algorithm is based on the 
factorization of the GF(3) transform matrix as 

3 1 2(2)GF =G C C .    (7) 
where 

1 3 3(1) (1),GF= ⊗C G I and 2 3 3(1) (1).GF= ⊗C I G           (8) 
Each of the matrices C1 and C2 describes a step in the 

Cooley-Tukey FFT-like algorithm for computing the 
coefficients in Sf,3GF. The basic transform matrix G3GF (1) 
specifies the elementary butterfly operation in the algorithm. 
Fig. 1 shows the Cooley-Tukey FFT for a function of two 
variables. The computation through this algorithm is 
performed as 

                  ,3 3 1 2(2) ( ).f GF GF= =S G F C C F                (9) 

The first step of the algorithm computes 

[ ]
1 ,3 2 0,1,0,0,2,0,2,0,1 ,T
f GF = =S C F        (10) 

while the second step produces   

[ ]
1,2 1,3 1 ,3 0,1,0, 2,1,1,1,0, 2 .T
f GF f GF= =S C S              (11) 

III. PARALLEL PROGRAMMING FRAMEWORKS 

MPI has been, since its inception in 1991, the dominant 
programming model for parallel scientific and high-
performance computing on CPUs [4]. It supports both shared 
and distributed memory systems, and enables efficient scaling 
of program execution from environments with a couple of 
processing cores to large computing clusters. For more details 
on MPI, we refer to [3, 12]. 

The computational approach based on using graphics 
processing units for performing general-purpose algorithms in 
a highly parallel manner, called the GPGPU (general-purpose 
computing on GPUs) or GPU computing, has recently 
attracted significant interest of researchers and proved its 
value in scientific and high-performance computing [5, 6]. 
GPU computing was made possible by the evolution of GPU 
architectures [1, 11]. The appearance of Nvidia CUDA and 
OpenCL programming frameworks made the GPU 
computational resources more accessible to researchers and 
programmers. For more details on GPU computing and 
CUDA and OpenCL frameworks, we refer to [2, 7, 8, 9, 10, 
11].  

IV. MAPPINGS AND IMPLEMENTATIONS OF THE 
ALGORITHM  

The key issues in efficient mapping of the Cooley-Tukey 
algorithm to parallel computing architectures are: 

1. The implementation of address arithmetic, i.e., 
computations needed for data fetching and storing, and  

2. Organization of computations, i.e. distribution of the 
butterfly operations over processing elements.  

 

Fig. 1. Signal flow graph for the Cooley-Tukey algorithm in GF(3)   
for n = 2. Solid lines carry weight 1 and dashed lines carry weight 2. 
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In both CPU and GPU parallel implementations of the 
Cooley-Tukey algorithm, the index l of the memory location 
which holds the first operand for each butterfly is computed as 

l  = b % d +  r · d · (b \ d),   (12) 
where b is a positive integer that uniquely identifies the 
butterfly, r is the transform radix, d is the distance between 
the elements over which the butterfly performs the 
computations in the current step of the algorithm, and \ stands 
for integer division. The value of d for the k-th step is 
computed as d = rn-k.  

The other operands for the butterfly are fetched from the 
locations with indices li computed as 

          li = l + i · d,   (13) 
for i = 1, 2,…, r-1. Notice that memory locations of the 
operands on which each butterfly operates change with each 
algorithm step. 

In the MPI implementation, each processor core performs 
N/(3*nprocs) butterflies, where nprocs is the number of active 
CPU processes. The number of processes typically equals the 
number of CPU cores. Switching between butterflies assigned 
to the same process is done as  

count = N/(3*nprocs), 
start = id * count, 
stop = start + count, 

where id is the unique identifier of the process. These 
variables are used in the double while loop that implements 
the butterfly computations as   
 

while (d  >=  1) 
{    
    k = start; 
    while (k  <  stop) 
   {   

// data fetching, followed by 
  // computations in the butterfly  
         // defined by G3GF (1) and storing of results 
  k = k + 1 
    } 
    d = d / 3  
} 

 
When computing the Galois field expressions on GPUs, a 

more fine-grained parallel computing model is used. In this 
model, each thread performs a single butterfly over different 
elements of the function vector F. Therefore, the variable b in 
(12) corresponds to a unique identifier of the thread, usually 
denoted as tid. Therefore, the computations are divided upon 
N/3 threads in total.  

Both CUDA and OpenCL implementations are composed 
of the host program, which creates data structures and controls 
the execution, and the device program, which implements the 
butterfly operations. The device program contains the 
description of computations for a single thread, defined by 
G3GF (1), and tid is used to distinguish the operands processed 
by each thread.      

V. EXPERIMENTS 

A. Experimental Settings 

The experiments reported in this section are performed on 
platforms specified in Table I.  

Since the computations are performed over function 
vectors, the running time of the implementations is 
independent of function values. Therefore, the experiments 
are performed using randomly generated ternary functions 
with different number of variables. The presented values for 
the CPU and GPU computation times are average values for 
10 program executions. The source code for the C/C++ 
implementation is compiled for the x64 platform using the 
maximum level of performance-oriented optimizations. The 
presented GPU processing times include the times for data 
transfer between the host and the device and vice versa, as 
well as times for setting kernel arguments and the kernel calls. 

TABLE I 
EXPERIMENTAL PLATFORM 

CPU Intel Core i7-920 quad-core (2.66GHz) 
Memory 12GB DDR3-2000 

Operating 
System Windows 7 Ultimate 64-bit 

Development 
Environment MS Visual Studio 2010 Ultimate 

      Software Development Kit 
MPI Microsoft HPC Server 2008 –MPICH2 

CUDA 
OpenCL Nvidia GPU Computing 4.0 

GPU 
core frequency 

memory 
number of cores 

Nvidia GTX 650 Ti 
900 MHz 
1 GB GDDR5 4.2 GHz 
384 

B. Experimental results 

The summary of the results considering processing times 
for different parallel implementations of the Cooley-Tukey 
algorithm for computing Galois field expressions for ternary 
functions is presented in Table II and Fig. 2.   

The MPI implementation of the algorithm is up to 4.6 times 
faster than the respective C++ sequential implementation, 
when both implementations are processed on a quad-core 
CPU. This difference is almost constant throughout the 
considered range of functions. The speed-ups are larger than 
the number of available CPU processing cores due to Intel’s 
Hyper Threading technology which allows 2 threads to exist 
simultaneously per each core. CUDA and OpenCL 
implementations on the GPU are up to 30 and 22 times, 
respectively, faster than the C++ CPU implementation. These 
speed-ups are up to 7 and 4.5 times, respectively, when 
compared with the MPI implementation. The CUDA GPU 
implementation is from to 2% to 53% faster than the 
respective OpenCL implementation. For n ≤ 15, the difference 
in speed between CUDA and OpenCL is almost negligible, 
but as n increases CUDA becomes significantly faster.          
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TABLE II 
COMPUTATION TIMES IN [SECONDS] FOR DIFFERENT IMPLEMENTATIONS 

n 8 10 12 14 15 16 17 

CPU 
C++ 0.001 0.005 0.029 0.302 0.973 3.122 10.025 

MPI 0.000 0.000 0.006 0.065 0.231 0.695 2.157 

GPU 
OpenCL 0.000 0.000 0.001 0.016 0.047 0.160 0.492 

CUDA 0.000 0.000 0.001 0.015 0.046 0.118 0.321 

 
VI. CONCLUSIONS 

In this paper, we presented a comparison of time efficiency 
of parallel algorithm implementations for computing Galois 
field expressions for ternary functions. The parallel 
implementation for CPUs was developed using Microsoft’s 
MPI, while the two parallel implementations for GPUs were 
developed using CUDA and OpenCL. The experiments show 
that the GPU implementations outperformed the MPI 
implementation by a factor of up to 7, with CUDA 
implementation being faster than the OpenCL one by up to 
53%.  Therefore, the conclusion of the presented case study is 
that the GPU platform is better suited for performing the 
parallel implementations of the considered algorithm, with 
CUDA being the technology of choice when computing time 
is the most important limiting factor.     
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Fig. 1. Running times in [seconds] for different implementations of  
the GF(3) Cooley-Tukey FFT. 
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Calculation and Visualization of Electromagnetic Field 
Strength Estimate using Real Terrain Model 

Vladan Mihajlović1, Marko Kovačević2, Aleksandar Milosavljević3, and Dejan Rančić4 

Abstract – In this paper we address problem of searching for 
optimal location of the receiver inside the certain area which will 
guarantee good communication canal with fixed transmitter. The 
communication should be established at high frequencies, rural 
environment and at middle range distances. We implemented the 
field strength calculation method based on ITU-R P.1546 
recommendation to answer on the posted requirements. The 
implementation is made efficient by using line rasterization 
techniques for generating terrain profile and by avoiding 
arctangent function for clearance angle calculation. In order to 
find optimal the area of interest is represented by set of points 
that make regular grid. After computing the field strength for 
each point and can separate optimal. The method allow user to 
define grid resolution and improve either accuracy or efficiency. 
The system can visualize the computed grid as a transparent 
raster layer over the map. The visualization can reveal 
alternative location for the receiver that could be more 
appropriate according to other criteria. 
 

Keywords – field strength calculation, DEM, terrain profile, 
optimal location search, raster visualization. 

 

I. INTRODUCTION 

Many different methods are designed to provide appropriate 
estimation of electromagnetic field strength for diverse 
application. The methods are developed to be adequate for 
particular frequency range, specific environment or particular 
distance range. In this paper we will consider the problem of 
searching for the location where to set the receiver to 
successfully gather the data from the sensor placed in the rural 
environment. The communication will be established using 
radio waves at high frequencies. The distance between 
transmitter and receiver is on the order of tents of kilometers. 

The goal of this research is to develop method that will find 
appropriate location for the receiver inside the particular 
region for predefined position of the transmitter. The region of 
where the receiver should be placed can be rectangular or 
polygonal. The optimal receiver location should be the one 
where the field strength is maximal. 

The first thing that must be considered in order to achieve 
this goal is developing the method for estimating field 
strength. There are various methods [1-3] that are accepted as 
good solutions for the problem. They describe the procedure 
of computing the field strength. The methods combine 
theoretical knowledge with the empirical results. ITU 
Recommendation P.1546 [1] is one of the one of the most 
frequently used methods which has good results in rural areas. 
It can estimate strength of the signal with high frequency 
range from 30MHz to 3000MHz and large distance range 
from 3km to 1000km. Therefore, this method is selected and 
implemented as a foundation for estimating field strength and 
finding optimal receiver point.  

The recommendation uses more than dozen parameters as 
inputs.  The most significant are: type of path, signal 
frequency, percentage of time, percentage of location, 
effective height of the transmitter, signal path length and 
clearance angle. The method is based on empirical 
measurement of the field strength for different combinations 
of the input parameters. In the general case, for the arbitrary 
input parameters, measurements are used as nominal values 
and the primary result is computed by interpolation. The final 
value is obtained by performing set of correction on the 
primary result. Our implementation load nominal values in 
main memory and use additional look up tables to provide 
efficient calculation of the field strength. 

The accurate estimation requires data from the real terrain 
model and the can have great effect on the results. The 
recommendation uses this data indirectly throw following 
parameters: effective height of the transmitter and clearance 
angle. Both parameters need terrain profile for calculation. 
The performance of the field strength computing depends on 
efficiency of these tasks. The method presented in this paper 
efficiently extracts terrain profile from DEM data using well 
known techniques for segment rasterization. Clearance angle 
calculation is made faster by avoiding time consuming 
arctangent operation. 

The recommendation estimates the field strength between 
two points. The goal to find appropriate location in particular 
area of interest must be done by applying the recommendation 
on selected set of points inside this area. Proposed system use 
set of points that form regular rectangular grid. The grid step 
can be chosen in order to achieve better accuracy of the 
calculation or speed up the computation. After that it is easy 
to find optimal solution. 

Beside field strength calculation the system provide 
visualization of the calculation results. The field strength 
estimation is mapped to semitransparent bitmap and rendered 
on top of the map. This can helps in observing the correlation 
between the field strength and the terrain. Besides, 
visualization reveals alternative location for receiver which 
can be more appropriate considering other important criteria. 

1Vladan Mihajlović is with the Faculty of Electronic Engineering 
at University of Niš, Aleksandra Medvedeva 14, 18000 Niš, Serbia, 
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4Dejan Rančić is with the Faculty of Electronic Engineering at 
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The research in this paper is presented in the following four 
sections. The next one addresses similar problems and 
solutions.  The third explains developed methods in details. 
The fourth contain short overview of the implemented method 
characteristics. The last section presents the main advantages 
of the implemented solution. 

II. RELATED WORK 

The problem of planning radio-communication network is 
not new. But, increasing computer power makes possible 
implementing it at ordinary Desktop PC. It is interesting for 
the companies that are involved in internet networks, 
telecommunication, radio communication and military 
domains. There are many different models that are used in 
practice for computing field strength, but there is small 
number of the software solutions available. 

The Seamcat [4] is complex software that can be used for 
modeling communication systems. It implements several 
methods for calculating field strength among which is ITU-R 
P.1546 model. This system is relatively complex for common 
user and does not have real terrain model and visualization of 
the results on the map. 

The systems that can calculate the field strength and 
provide visualization are not so common. Here, we will point 
out two software systems: MARSsys [5] and ICS telecom [6]. 
There is not much information about the methodology they 
use for calculating the field strength inside polygonal area, 
visualization and analysis of the results. The both systems can 
be used in wide spectrum of domains.  

III. FIELD STRENGTH CALCULATION AND 
VISUALIZATION METHODS 

The goal of providing good connection between transmitter 
and receiver highly depends on many factors. The one of most 
important is finding convenient locations for them. There are 
three cases depending on the fact that transmitter and receiver 
can be fixed or not: transmitter is fixed, receiver is fixed and 
neither of them is fixed. In this paper, the focus is on the case 
where transmitter is on fixed position and the problem is to 
find appropriate location for receiver inside particular area of 
interest. Solution for this problem is to estimate field strength 
inside the area and find the optimal location. It is implemented 
as a subsystem of one lager system Desktop GIS [7]. The 
subsystem consists of following five components: 
FieldStrengthCalculator, TerrainProfiler, PathProfiler, 
ReceiverAnalyser and FieldStrengthRenderer. 

The first think is to choose a way to estimate the field 
strength at particular location. The basic theoretical model 
cannot be used because of many physical parameters, such as 
profile of terrain between, refraction, reflection, diffusion, 
weather conditions etc. The methods used in practice are 
combination of empirical results and the formulas that are 
used to add influence of mentioned factors.  

These empirical methods can estimate field strength 
between the exact locations of transmitter and receiver. 
Estimating field strength for the whole area of interest 

demands selecting the set of locations for which the methods 
will be applied. The field strength is highly dependent on the 
terrain surrounding the receiver. The consequence is that 
relatively small change of the receiver position can highly 
affect the field strength. Therefore, the area of interest is 
represented with set of points in regular grid. 

After calculation of the field strength in the area of interest 
it is easy to find optimal location. The problem is that optimal 
location sometimes can be at inaccessible location, which can 
depreciate value of the method result. Visualization of field 
strength estimation over the map is one solution to overcome 
this problem. Besides, it provides better insight of the field 
strength inside the area of interest. 

A. Algorithm for Field Strength Prediction 

The method for calculating electromagnetic field strength 
between two points, transmitter and receiver, depends on the 
application domain. In this paper, we consider the problem of 
calculating the field strength in rural areas, in order to gather 
the data from sensors. The communication network is well 
established in urban areas, and the sensors installed in this 
environment can be connected to network with relatively 
small effort. The FieldStrengthCalculator component 
represents implementation of the algorithm for field strength 
calculation based on International Telecommunication Union 
(ITU) recommendation P.1546-1.  

The ITU-R P.1546-1 recommendation uses the result of 
conducted measurement as a foundation for field strength 
estimation. It has many input parameters. The most important 
are: type of path, the signal frequency, percentage of time, 
percentage of location, effective height of the transmitter, 
signal path length and clearance angle. The recommendation 
is based on conducted set of measurements for the several set 
of input parameters. The prediction of the field strength for 
arbitrary set of parameters is done by interpolation of the 
results of measurements and applying some kind of correction 
after that. Our algorithm for field strength prediction 
implements ITU-R P.1546-1 in full scope. 

The recommendation contains set of curves representing the 
field strength in relation to distance between transmitter and 
receiver. Each curve is created for the particular set of 
parameters: type of path, signal frequency, percentage of time, 
percentage of location, effective height of the transmitter. 
Type of path can be solely land path, sea path or mixed path. 
The other parameters are numerical values and for the 
empirical measurement are cold nominal values. The curve 
represents the relationship in the continual domain. Therefore, 
it cannot be used by the algorithm as such. They are 
represented as set of linear segments approximating the curve. 
Using this approximation the measurement in 
recommendation are prepared in excel tables. Our algorithm 
load values from file in main memory to provide efficient 
calculation. This made possible simple change of empirical 
curves and in order to improve the accuracy. 

The filed strength for particular input parameters is 
calculated using linear interpolation over two nearest nominal 
values for each parameter. Therefore the first step is to find 
the two nearest nominal values for each parameter. After that 
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the interpolation is performed in well defined order: length of 
the signal path, effective transmitter antenna height, signal 
frequency and percentage of time. If the signal path is mixed, 
the calculation was done for the both path type and the field 
strength is calculated using predefined formula. 

The recommendation use calculated field strength as a 
starting point for the correction to include other parameters: 
height of the receiver, properties of the signal path, terrain 
clearance and percentage of location. Our algorithm 
implements the recommendation exactly but uses the real data 
about the terrain. 

B. Incorporating Terrain Data in Field Strength Prediction 

The description of the ITU-R P.1546 recommendation 
reveals that information about the terrain is necessary to 
calculate field strength. The calculation uses only the altitudes 
on the terrain profile along the signal path between transmitter 
and receiver. The profile of the terrain is used in 
recommendation for calculating effective height of the 
transmitter, receiver clearance angle and transmitter clearance 
angle. 

The component TerrainProfiler implements methods that 
process terrain data. It use terrain data is stored as DEM. 
DEM is regular grid of points with predefined cell size. The 
cell size can be chosen by user. This parameter can 
significantly affect the computation time. The component 
contains method that creates terrain profile along the path 
between transmitter and receiver. The method must be 
efficient because it will be called for each point inside the area 
of interest. This is achieved using method that is based on 
well known Bresenham’s method [8] for line segment 
rasterization. The important difference is that our method 
must traverse each cell along the path. TerrainProfiler use 
created profile to easily calculate effective height of 
transmitter and efficiently compute clearance angles. To 
compute clearance, it is necessary to calculate the angle for 
each point on the terrain profile. Angle is computed using 
arctangent which is expensive operation. Our method use the 
fact that arctangent is continuously increasing function. 
Therefore, instead of comparing angles algorithm compares 
its tangents. The clearance angle calculation must also include 
earth curvature. To speed up the process precalculated look up 
table is used with earth curvature for set of equally distant 
points. 

The component PathProfiler is responsible for determine 
the type of the signal path. The path can be land, sea or mixed, 
which depends whether the path traverse only land,  only sea 
or both. The PathProfiler contains vector layer that represent 
the sea. It calculates intersection between the path and 
polygons of sea layer, creating the signal path profile for field 
strength calculation.  

C. Analysis of Field Strength 

Previously described components are enough to estimate 
field strength for the particular location of the receiver. But, 
the primary goal of this research is to provide mean to find 

optimal location for the receiver given the position of the 
transmitter. 

The component ReceiverLoactionAnalyser is devoted to 
find optimal location. The component provide support for the 
three types of receiver area: set of points, rectangular area and 
polygonal area. Two rectangular and polygonal areas are 
represented with the regular grid of cell of equal size. Size of 
the cell can be defined externally to accommodate user needs. 
The method calculates the field strength estimation for each 
point. The ReceiverAnalyser sort calculated values easily and 
extract arbitrary number of the optimal receiver location. 

 
Fig. 1. Visualization of the field strength intensity inside the 

rectangular area of interest 

D. Visualization of Field Strength 

Estimated field strength calculated for each point on the 
grid creates raster. The FieldStrengthRenderer provide 
visualization of the created raster (fig. 1 and 2). It is 
performed using two color scale interpolation. First color is 
attached to maximal value of the field strength and the second 
is attached to minimal value. The component creates bitmap 
by transforming each field strength value to appropriate color 
using linear interpolation. The bitmap is rendered as one of 
the layers over the raster map. Bitmap is made 
semitransparent to enable anticipating the field strength and 
the location on the same time. The invalid values are made 
completely transparent. The component provides the feedback 
and display the field strength intensity at the mouse position.  

IV. SHORT ANALYSIS OF METHODS PROPERTIES  

Algorithm that finds the optimal location for the receiver 
over the particular area is not always sufficient. Sometimes 
optimal locations are not appropriate for installation of 
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receiver that can be caused by number of reasons (e.g. 
inaccessible terrain, distant power supply etc.). Besides, it is 
common case that optimal location will be close to each other. 
In these situations visualization can reveal alternative location 
of receiver that could be considered. Even in the situation that 
the optimal location is appropriate, the alternatives can good 
enough but less expensive for installation. 

 
Fig. 2. Visualization of the field strength intensity inside the 

polygonal area of interest 

Besides the described techniques used to speed up the 
calculation of the field strength estimation, the whole process 
is time consuming. It can last from seconds to minutes on high 
performance desktop computers. It depends on several factors. 
The first is area in which method search for the optimal 
location of receiver. The processing time is directly 
proportional to the area of potential location. The second is 
the size of the grid cell used to represent the potential 
receiver’s area. The processing time grow with the smaller 
cell size. The third is the cell size of the DEM grid. The less 
the cell size is the slower is field strength calculation. On the 
contrary with improving processing time the accuracy will 
decrease. It can be taught that the problem can be solved by 
using multiscale approach. First, analyze the field strength 
using large receiver size and finding promising areas, and 
iteratively reduce the cell size. But, this approach could omit 
some good locations because grid cell is represented with its 
center which can generate different terrain profile than points 
near it. 

V. CONCLUSION 

The system presented in this research is designed to find 
optimal location for the receiver inside the particular area and 

for fixed location of transmitter. The area is represented as a 
regular grid of points and the system calculate the field 
strength for each point of inside the area. The resolution of the 
grid can be defined by user making the system flexible. The 
smaller size of the grid will improve accuracy and the greater 
size will improve processing efficiency. 

The developed system use ITU-R P.1546 recommendation 
for field strength estimating over real terrain altitudes. Field 
strength calculation is implemented to be very efficient, 
because it is called for each point of the area of interest. The 
two items are important to be considered in order to reduce 
processing time: terrain profile creating and clearance angle 
computing. Terrain profile is generated by rasterization 
algorithm based on highly efficient Bresenham’s method. 
Implemented method uses comparison of tangent of clearance 
angles instead of real angles. This way it avoids arctangent 
function calculation and improve performance. 

The system also provides visualization of the field strength 
inside the area of interest as a semitransparent raster layer. 
The visualization can reveals possible alternative locations for 
the receiver with satisfactory field strength intensity. These 
alternative locations can be more appropriate considering 
other important criteria necessary for recover installation and 
utilization. The next step could be to allow transmitter to be 
placed at arbitrary position and to use regular polar grid of 
points to represent the area of interest. 
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Solving Kakuro puzzle – comparison of deterministic 
approaches 

Stojanche Panov1 and Saso Koceski2 

Abstract – This paper presents comparison of existing 
deterministic approaches to solving Kakuro puzzles and provides 
a novel deterministic approach to obtaining an optimal solution 
for such puzzles, i.e. the Reducing Domain Values algorithm. 
This algorithm has been compared to other published 
deterministic approaches and proved to obtain better results in 
terms of time execution for obtaining an optimal solution. This 
provides a great foundation for development of effectual 
deterministic algorithms which would have great impact on 
solving coding theory problems. 
 

Keywords – Backtracking algorithms, Coding theory, 
Deterministic algorithms, Kakuro puzzles. 

I. INTRODUCTION 

Kakuro puzzles are considered to be a mathematical 
transliteration to crossword puzzles. They are consisted of an 
n x m grid of black and white cells, where black cells can be 
either empty, having one number or two numbers, indicating 
the row or column sum they indicate, whereas every white cell 
can be typically filled with numbers in range [1; 9]. There are 
also variations of this puzzle that use greater or smaller 
ranges. Hence, the typical maximal sum that can be obtained 
with these puzzles is 45, which gives enough information for 
constructing domain sets of candidate values for the white 
cells to be filled with. Every constructed sum of elements in a 
row or column must satisfy the constraint of unique numbers, 
i.e. none of the numbers must appear more than once in a 
concrete combination sum. Example of Kakuro puzzles are 
shown in Fig. 1 and Fig. 2. 

Kakuro puzzles have been considered as a great logical 
challenge, not only for manual solving, but also for 
developing algorithms that can solve these puzzles as 
effectively as possible in a real-time acceptable manner. There 
have been many approaches that solved these puzzles, both 
with deterministic and metaheuristic methods. 

The main goal of this research study is to present a novel 
method of solving a Kakuro puzzle, namely the Reducing 
Domain Values (RDV) Algorithm. This new algorithm is then 
compared to other deterministic approaches for solving and 
gives detailed and elaborated results that show the relevance 
of the discovery of this novel method. 

II. RELATED WORK 

A Kakuro puzzle consists of several constraints that ought 
to be respected in order to get a unique solution, hence one 
can treat such puzzle as a constraint satisfaction problem, 
which has been recently published [1]. The NP-completeness 
of the Kakuro solving problem has already been proven and 
documented [2], but there have been also some other proofs of 
this NP-completeness that included using SAT solvers for the 
purposes of the research studies [3]. A relatively new study 
presented an approach that significantly reduced the execution 
time of the algorithm by using generalized arc consistent 
(GAC) version of all-different sums constraint, and these 
performances have been compared to MIP [4] and SAT 
techniques [5]. 

Existing algorithms published in the past several years 
solved this problem and presented many deterministic and 
metaheuristic approaches to solving a Kakuro puzzle. One 
such type of a deterministic method with using backtracking 
and simple heuristics and pruning has been shown to be of an 
eminent matter to coding theory problems as well [6]. A 
research study presented several types of algorithms, both 
deterministic and metaheuristic approaches, including stack-
based backtracking solvers, genetic algorithms and tabu 
search [7]. There has also been another metaheuristic 
approach, known as nested Monte-Carlo of level 2 method 
which proved to be effective and performed with accelerations 
in execution [8]. 
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Fig. 1. Example Kakuro puzzle 
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III. STACK-BASED BACKTRACKING SOLVER 

The Stack-Based Backtracking Solver [8] implements a 
simple backtracking technique starting with an empty Kakuro 
grid with domain sets of values available for each of the white 
cells in the grid. It presents a depth first search technique that 
starts with smaller number values and makes assignments of 
these numbers to the white cells, whilst having affinity to 
assign the smallest numbers first, i.e. in the earlier stages of 
the algorithm. It’s based on keeping the grid states on a stack, 
thus repeatedly checking the validity of the grid. When 
assigning the values to the grid, it performs checking of the 
constraint satisfaction for the stored states. If the next value 
needed to be assigned to a cell violates such constraint, then 
it’s excluded for searching, otherwise it’s kept on the stack of 
grid states. Continuing in this fashion, this algorithm checks 
all of the possible states until it finds a certain state that 
satisfies all of the constraint having filled all of the white cells 
with the proper numbers. 

This algorithm can be described in the next detailed steps: 
1. Initialize the stack of states and other iteration 

variables. 
2. Initialize the start state as current state and start cell as 

current cell. 
3. Check if there are empty cells in the grid. Check for 

validity of state. If state is valid, continue to step 4. If 
this is false, then backtrack and try other assignments, 
continuing to step 3.a. Otherwise, continue to step 3.a. 

a. Assign a value to next free cell. 
b. Check for validity of assignment of the value. 

If the check is valid, then push this state on 
the stack and repeat from step 3.a. for another 
free cell. Otherwise, continue with assigning 
another value for the cell. 

4. Print optimal solution. 
There are also several variations to this well-known simple 

algorithm. These are the Run-Based Ordering, Value 

Ordering, Decisive Value Ordering and Project Run Pruning. 
These algorithms are detailed in the next following sections. 

IV. RUN-BASED ORDERING 

This type of backtracking approach uses a simple 
elimination of not needed values that are meant to be assigned 
to the white cells. This means that a kind of heuristics needs to 
be implemented for this to be fulfilled. This heuristics utilizes 
the values that are candidate members in the row and column 
sums. This would mean that for a given white cell, an 
intersection of domain set values is computed and only the 
numbers that are valid candidates for that cell remain in the 
backtracking process. For instance, if there’s a column sum of 
6 containing 3 elements and a row sum of 4 containing 2 
elements, the possible column sums are contained from the 
numbers {1, 2, 3}, whereas the row sum can be obtained by 
the numbers {1, 3} (since 2+2 is not acceptable according to 
the puzzle constraints), so the intersection of the two domain 
sets is {1, 3} and these would be the candidate values for that 
white cell. 

V. VALUE ORDERING 

The Value Ordering variation of the Stack-Based 
Backtracking algorithm consists of having all of the numbers 
in the range [1, 9] in the domain sets for the white cells, but 
with additional heuristics of certain ordering (sorting) of the 
numbers. One such example would be if the domain set 
candidate variables are sorted in descending order, which is 
certainly a poor heuristic, but it is a heuristic that would help 
if the values in the first few cells have greater solution values 
for those cells. This means that this heuristic still stays 
efficiently applicable only for smaller grid sizes and concrete 
types of solutions, which is the same case with the Stack-
Based Backtracking algorithm. 

VI. DECISIVE VALUE ORDERING 

As an addition to the Value Ordering heuristics, the 
heuristic of the Decisive Value Ordering can be defined based 
on research on what solution values are statistically more 
present in the first few white cells. This would mean 
computing some kind of average values for numbers 
appearing in the white cells, and then using this information to 
construct a type of sorting of the domain set elements that 
works best for all of the puzzles that will be processed as 
input to the algorithm. For instance, if the average of values is 
smaller than 5, then the ordering of the values is in increasing 
order. Otherwise, if the average value is greater than 5, then a 
decreasing ordering of values is used. 

VII. PROJECTED RUN PRUNING 

This approach, previously mentioned as a modification to 
the Stack-Based Backtracking method, differentiates from 
previously described techniques in the way of reducing the 

 
Fig. 2. Solution to Kakuro puzzle in Fig. 1. 
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domain sets of values for the white cells. Namely, this method 
introduces a type of pruning that excludes all of the values in 
domain sets that give sums smaller than the required column 
sum or row sum, i.e. if a value of 7 needs to be obtained from 
three numbers, than we know that when getting to the value 
assignment of the triple {1, 2, 3} it doesn’t add up to 7, then 
this combination of values is discarded from search and only 
sums that add up to 7 and greater are included in the search 
space. This proved to be of an eminent improvement of the 
algorithm and gave great accelerations in time execution of 
the algorithm [8]. 

VIII. REDUCING DOMAIN VALUES ALGORITHM 

This novel deterministic algorithm, called the Reducing 
Domain Values algorithm, is an approach that uses a very 
sophisticated heuristics that reduces the domain sets of values 
for the white cells, thus converging to the optimal solution in 
a shorter period of time than other naive backtracking 
approaches. This reduction is done in a continuous manner 
that reduces number of the sets to the point where there’s no 
more numbers to be removed and only one value remains in 
each of the domain sets, i.e. the solution value for the cell. 
This algorithm proved to perform better than other 
deterministic techniques, which is described later in this 
research. 

The Reducing Value algorithm consists of the next simple 
steps: 

1. For each white cell, compute the intersections of 
members in the column and row sums and set these newly 
generated sets to be the new domain sets for the cells. 

2. Perform a check if there’s a white cell that has a domain 
set with more than one candidate value. If this is false and all 
of the domain sets have one value, then proceed to step 5. 
Otherwise, proceed to step 3. 

3. Check for unique numbers in the cells, i.e. numbers that 
are not present in each of the other cells in the same row and 
column. 

4. If there are unique numbers, these values indicate the 
solution values for these cells. Return to step 2. 

5. Print found optimal solution. 

IX. RESULTS 

All of the above mentioned algorithms, including the novel 
Reducing Domain Values (RDV) algorithm, have been 
compared in terms of average time execution for a puzzle. The 
results for the Stack-Based Backtracking, Run-Based 
Ordering, Value Ordering, Decisive Value Ordering and 
Projected Run Pruning have been utilized from the research 
presented in [8], and then these results have been compared 
with the results that were obtained from examining the 
Reducing Domain Values. The RDV algorithm was written in 
Java programming language and tested on a machine having 
Intel® Core i5 processor with frequency of 2.53 GHz, 4GB of 
RAM, and 64bit Windows 8 operating system. Grid sizes of 
2x2, 4x4, 5x5, 6x6, 7x7, 8x8, 9x9 and 10x10 have been tested, 

each of the grids having 0-40% black cells coverage in the 
Kakuro grid. 

The results from the examination of the algorithms and 
their comparison are detailed in diagrams in Fig. 3, Fig. 4 and 
Fig. 5. As results have shown, the RDV algorithm performed 
better than all of the other available deterministic algorithms. 
This is due to the fact that RDV continuously reduces the 
domain sets, thus reducing the search space and leaving the 
solution number as the only label for the white cells of 
interest. 

 

 

 

X. CONCLUSION 

 
Fig. 3. Comparing algorithms for 2x2, 4x4 and 5x5 grids 

in dependence of time execution. 

 
Fig. 4. Comparing algorithms for 6x6, 7x7 and 8x8 grids 

in dependence of time execution. 

 
Fig. 5. Comparing algorithms for 9x9 and 10x10 grids in 

dependence of time execution. 
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This research paper introduced a novel Reducing Domain 
Values algorithm, i.e. a deterministic algorithm that is 
intended to provide an efficient solution and accelerate the 
process of obtaining an optimal solution, thus converging in a 
small amount of time. This Algorithm has been compared to 
other available deterministic approaches and has proved to 
perform better in terms of time execution. This algorithm is a 
great foundation for developing efficient deterministic 
algorithms for game theory, thus applying their principles in 
other fields, such as coding theory. 
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Abstract – The increase of cores by replication, the increase of 

threads in the core, the usage of several levels of cache memory 

and shared memory in the processor are the base for increased 

processing power, but also the reason for cache misses. These, in 

turn, increase the average memory access time and decrease 

processor performance. We performed simulations of different 

configurations using SMPCache (Simulator for Cache Memory 

Systems on Symmetric Multiprocessors) and conclude that 

commercial architectures need to implement techniques for 

increasing memory level parallelism efficiency, in order to 

reduce the number of cache misses. 

 

Keywords – Memory latency, MLP, memory level parallelism, 

multi core processor, cache miss. 

 

I. INTRODUCTION 

Memory latency is the bottleneck at out-of-order instruction 

execution in modern high-performance processors. With the 

increase of the difference between processor and memory 

speeds, stalls become more frequent because of cache misses, 

and penalties can even be a few hundred cycles. The modern 

architecture of multi-core processors that share same memory 

is enhancing the complexity of this problem.  

Memory architecture is the basic technique for depleting 

memory latency. But at the same time it is the reason for the 

appearance of cache misses that damage processor 

performance. In this paper we used a processor architecture 

simulator and using different benchmarks we counted the 

cache misses and established what they depend on.  

In the second part we present the basics of Memory Level 

Parallelism (MLP) and its significance for processor 

performance. Then, in the third part we present some 

techniques for increasing the memory level parallelism 

efficiency. The fourth part gives the results we gathered using 

a higher processor architecture simulator and the next one, 

part five, analyzes the results and gives conclusions that might 

show useful for researchers and designers for future processor 

development.  

II. THE PARADIGM OF MEMORY LEVEL 

PARALLELISM (MLP) 

The basic goal of processor designers is getting as higher 

performance as possible, for a lower price. At the beginning, 

the increase of performance was caused by the increase of 

frequency and number of transistors in the processor [1]. 

Reaching the upper frequency limit of 4 GHz and the increase 

of energy consumption are the basic physical limitations for 

further performance boost. Designers find the solution in 

architecture with out-of-order instruction execution [3], i.e. 

Instruction Level Parallelism (ILP) [2,5,10]. That would 

enable a wider instruction pipeline through the processor and 

a larger number of executed instructions per cycle. Intel’s 

analysis shows that ILP affected the performance increase 

until year 2000 and then it lost its power. Some authors go far 

enough to argue that ILP even needs to be dismissed, because 

the enlarged instruction window is the reason for cache 

misses. Memory latency decreases with the implementation of 

memory hierarchy, but with consequent cache misses. The 

processor for each cache miss penalty has to pay hundreds of 

cycles [3]. 

MLP is a concept that needs to enable parallel execution of 

more memory operations in order to avoid cache misses and 

memory latency. The concept of parallel execution of more 

memory instructions (MLP) is used as an idea for hiding high 

memory latency. Its goal is to decrease the number of cache 

misses, i.e. to bring the needed data to L1 before the processor 

issues a request for access to them.  

III. TECHNIQUES TO INCREASE MLP 

The penalties that are paid by the processor because of 

cache misses significantly decrease its performance. The goal 

of these techniques is to unblock the processor and to provide 

a continuous pipeline with parallel execution of more memory 

operations.  

One of the ideas for unblocking the processor is enlarging 

the instruction window. The implementation of hardware 

leads to increased energy consumption. In [4] the technique of 

Runahead execution which succeeds at virtually enlarging the 

instruction window is given. When the processor is blocked 

with a long latency instruction the status of the architectural 

registers is preserved. After that the processor enters 

“runahead mode”. In that moment a fake result for the stalled 

instruction is delivered which eliminates it from the 

instruction window. That allows the processor to unblock and 

keep on with the continuous execution of the next 

instructions. After that, the instructions that follow after the 

stalled one are also falsely executed from the instruction 

window. But in this mode they don’t regenerate the status of 

the registers. When the stalled instruction will be executed, 

the processor returns to “normal mode”. It retrieves the saved 

status of the registers. Then it starts re-executing the 

instructions, starting with the stalled one. 
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When a cache miss occurs, the processor resources are 

blocked by the instructions dependent on the instruction that 

caused the miss. The Continual Flow Pipelines (CFP) 

technique, analyzed in [9], allows uninterrupted execution of 

the independent instructions by the instruction that misses. It 

enables liberating of the blocked resources and allocating 

them to the independent instructions, which keeps the pipeline 

undamaged. The idea of CFP is to eliminate the instruction 

that missed and the instructions that depend on it from the 

pipeline, thus liberating the resources. By the time the 

instruction with a miss is released, the resources are liberated 

and independent instructions from the cache miss can be 

executed.  

The enlargement of the instruction window causes 

implementing a larger ROB in the processor. The Out of order 

commit technique [7] includes using control points, which 

really give a picture of the state of the processor in a given 

moment, enables efficient out-of-order execution of the 

instructions without a ROB structure. 

Most of the processor performance increasing techniques 

that use MLP is trying to parallelize the cache misses. That 

way, after a certain time interval several cache misses would 

be resolved. But that is the case when a few sequential cache 

misses appear. The authors [8] point out that if the 

replacements in cache memory are done consciously, most of 

the isolated misses can be avoided. 

Modern processors implement more threads in every core. 

That allows parallel execution of more processes. When the 

thread gets blocked in the processor, it holds the resources 

causing a bottleneck which blocks the remaining threads. To 

avoid the previous limitations in [6] an Aware Runahead 

Threads policy has been proposed. The idea of this policy is 

that runahead threads should be used only if there are 

conditions for memory level parallelism in the near future, if 

not the thread is blocked and the speculative instruction 

execution is not done.   

IV. TESTING PROCESSOR ARCHITECTURES WITH  A 

SIMULATOR 

On more occasions in this paper we underlined that for 

every cache miss the processor pays penalties - as many 

cycles as needed for the data to be brought into cache 

memory. The decrease in processor performance depends on 

the number of cache misses, i.e. the time spent resolving 

cache misses. That’s why the goal of this paper is to present 

what is really happening at the time of communication 

between the processor and the memory system. 

For that purpose we used the Simulator for Cache Memory 

Systems on Symmetric Multiprocessors (SMPCache), a tool 

from the Department of Computer and Communication 

Technologies at the University Extremadura Escuela 

Politecnica in Spain. The simulator enables configuration of 

different processor architectures with changes in these 

parameters: the number of processors, cache coherence 

protocol of the bus, schemes for bus arbitration, word length, 

number of words in a block, the size of basic memory, the 

number of cache memory levels, cache memory mapping, 

cache memory blocks, replacement policies and writing in 

cache memory. 

After the definition of a certain architecture of the cache 

memory system, the same is tested using benchmarks from the 

simulator itself.  There are two groups of benchmarks: nine 

for single processor architecture and four for core architecture. 

After the testing, the simulator presents the following 

measured characteristics of the cache memory system: number 

of bus transactions, number of blocks transported across the 

bus, number of memory accesses (taking an instruction, 

reading data, writing data), number of hits and misses in the 

cache memory. 

Using the simulator, our goal was to show the cache misses, 

to count them and show what they depend on in single-core 

and multi-core processors. 

A. How Cache Memory Size Influences Cache Misses 

The purpose of this testing was to show how the 

enlargement of cache memory influences the number of cache 

misses. We have tested both a single-core and a multi-core 

architecture. In both cases there is the same conclusion. The 

configuration of the tested multi-core architecture was the 

following: 4 core processor, MESI cache coherence protocol, 

word length - 8 bits, block size - 256 words. The basic 

memory size is 1GB. The cache memory was split (instruction 

and data), two-way set associative, with LRU replacement 

policy.  

We used Simple64 as a benchmark, coded for use on a 

multi-core processor. During the testing we only changed the 

size of data and instruction cache memory: 2x4, 2x8, 2x16, 

2x32, 2x64, 2x128, 2x256, and the results are shown on Fig.1.  

 

 

Fig. 1. Cache misses dependency on cache memory size 

 

Fig. 1 shows the dependency between the percentage of 

cache misses and cache memory size. The graph shows how 

with the increase of cache memory the number of cache 

misses almost exponentially decreases. But after the increase 

surpasses 16Kbytes, its effect on the number of cache misses 

becomes almost nonexistent. We use the formula Eq(1) to see 

how cache misses affect processor performance: 

                  (1) 

where: 

 Тav – Average memory access time 

 Тat – Cache memory access time 
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 Pcm – Percentage of cache misses  

 Tp – Time of cache miss penalty  

We roughly determined the average access time at cache 

memory size of 256Kbytes.  

                   

            

While calculating, we assume that the data that is not found 

in the cache is taken over from L2 of cache memory instead 

from main memory, trying to be as closer as possible to 

commercial processors. The last result shows that there is a 

big part of average memory access time that is a consequence 

from cache misses. This means that the penalty paid for cache 

misses almost doubles the average memory access time, thus 

decreasing processor performance.  

While analyzing the measured results, we came to a 

significant result shown on Fig. 2. 

 

 

Fig. 2. Load and store cache misses 

 

The graph shows us that for a cache memory with a small 

size (2x4Kbytes) the percentage of reading and writing cache 

misses is almost the same. But, with the increase of cache 

memory to value of 2x256Kbytes, the percentage of reading 

cache misses decreased for 85%, which is not the case with 

writing cache misses that have an insignificant decrease of 

only 20%.  

B. How Memory Hierarchy Influences Cache Misses 

The purpose of benchmarks in this part is to analyze the 

changes concerning cache misses that appear in a memory 

system when cache hierarchy is introduced. The simulated 

architecture has the following characteristics: A single-core 

processor with L1 cache memory (instruction and data) – 

2x64Kbytes, L2 cache memory with 256Kbytes size and L3 

cache memory with 512Kbytes size. The remaining 

parameters are configured like in the benchmarks before. 

At L1 there are 88% hits and 12% misses. Out of all the L1 

misses, 8.7% are misses at L2, the next level of cache 

memory, and 5.3% of them also miss at L3, the last level of 

cache memory. Table 1 presents the calculated values of 

average access time. 

The access time for the first level of cache memory is 1.5ns, 

but because of the cache misses, according to the calculations 

and experimental results we gathered, in the case of only one 

level of cache memory the average access time is 13.02ns. 

With the implementation of a second level of cache memory, 

the average access time decreased for 24%, and the 

implementation of another level of cache memory decreased 

the average access time for another 17%. In another words, 

the three-level cache memory decreased the average access 

time for 37%, which of course has a significant impact on 

processor performance. 

TABLE I 
CALCULATED AVERAGE ACCESS TIME 

Cache memory Average memory access time (ns) 

L1 13.02 

L1+L2 9.89 

L1+L2+L3 8.15 

 

In future modern processor architectures, the memory 

hierarchy will be an important technique for hiding of the 

basic memory latency. The next expected step is to increase 

the number of cache memory levels implemented in the core 

itself. Of course, we also need to mention the consequences 

that appear as a result from adding an extra cache memory 

level, especially at multi-core processors that mostly have 

shared cache memory. 

C. How the Number of Cores Affects Cache Misses 

In this part of the benchmarks the simulator was configured 

as architecture with a symmetrical multi-core processor. The 

architecture has only one level of cache memory (L1) with a 

size of 512Kbytes split in two parts: an instruction part with a 

size of 256Kbytes and a data part with a size of 256Kbytes. 

The whole cache memory is two-way set associative, and the 

block replacement is done on the least used block. The bus 

supports MESI protocol for maintaining memory coherence. 

The size of the main memory is 1Gbytes. 

During the testing the number of cores in the processor 

changes: 2, 4, 8, 16, 32, 64; and MDLJD is used as a 

benchmark. The results are shown on Fig. 3: 

 

 

Fig. 3. How the number of processor cores affects cache misses 

 

Fig. 3 presents the percentage of overall cache misses, in 

which it can be noted that in the beginning, together with the 

increase of the number of processor cores, the number of 

cache misses decreases. But when the number of cores 

surpasses 16, the number of cache misses starts increasing 

again. That shows that the replication of cores does not lead to 

a multiple enhancement in the performance, if proper 

techniques for efficient usage of MLP are not implemented. 
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V. DIRECTIONS FOR IMPROVEMENT OF MODERN 

PROCESSOR ARCHITECTURE PERFORMANCE 

Besides the many papers that discuss techniques for 

improving the MLP efficiency, until now they have had low 

participation in commercial architectures. The reasons for that 

are the limitations each of them has, either concerning their 

implementation in the processor or because they would not 

give the expected results with a real load. For example, the 

runahead technique in [3] enables a virtual enlargement of the 

instruction window and pre-fetching of data in the cache 

memory that the processor will need in the future. But in the 

case of an isolated cache miss, after which there are no other 

misses, this technique damages the processor performance, i.e. 

the time the processor needs to enter runahead mode is 

wasted.  

Memory hierarchy will be the basic technique for 

decreasing memory latency in future processor architectures 

as well. The last Intel i7 multi-core processor from the third 

generation shows that in the future, designers will pledge for 

implementation of more levels of cache memory in the 

processor core itself. But as our results have shown, that also 

causes cache misses which increase the average memory 

access time, therefore damaging processor performance. This 

means that MLP will face researchers and designers with the 

challenge to invent a technique that will decrease the number 

of cache misses by enabling parallel memory access. This is 

even more important if we also consider the fact that in future 

architectures the number of replicated cores and implemented 

threads in them will increase. Therefore, a bigger number of 

threads will have parallel execution in the processor, but the 

number of parallel memory accesses will also increase.  

Besides the fact that many authors have experimentally 

determined that store operations are less present than load 

operations, we should not ignore the results that have shown 

us that the percentage of cache misses at store is very high 

(can add up to 80%). Especially when we know that there are 

programs in which store instructions (e.g. data acquisition) 

predominate.   

The analysis in this paper show us that the number of cache 

misses depends on processor architecture, levels of cache 

memory, size of cache memory, purpose of the processor, but 

also the original code of the executed programs. The other 

authors’ techniques that we presented here have their 

advantages and weak points. In order to efficiently use MLP 

in future architectures, aware hybrid techniques need to be 

designed – they would be able to parallelize fetching and 

bringing data to the first level of cache memory right before 

the processor core needs them, under different circumstances.  

In the future, memory latency will keep on increasing 

because of the gap between processor and memory speed. The 

instruction window enlarges with the number of replicated 

cores, the number of parallel memory accesses increases, the 

cache memory levels grow bigger. All of that is a reason for 

increased number of cache misses that ultimately has an effect 

on processor performance. The search for solution should 

target MLP and its exploitation. 

VI. CONCLUSION 

Memory Level Parallelism is a modestly researched area, 

although it has a great impact on processor performance. Most 

of the works mentioned in this paper still have not found 

application in commercial processors. More significantly, the 

future processor development will move in a direction of 

parallel execution of as many processes as possible. The 

number of cores and threads will continue growing, and cache 

memory has a tendency of increasing the number of levels. 

These changes will enhance the flow of data and memory 

accesses. The designers of new processor architectures need to 

offer techniques that will succeed at prefetching data to the 

cache memory, as close to the processor as possible, to be 

used in near future.  

The increase in frequency has reached its maximum, the 

increase of cores and threads has limits, the ILP loses its 

power and in some newer architectures it is decreased or 

avoided. MLP efficiency represents a challenge for the 

enhancement of processor performance and needs to get more 

attention. 
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Machine Learning Based Classification of Multitenant 
Configurations in the Cloud  

Monika Simjanoska1, Goran Velkoski2, Sasko Ristov3 and Marjan Gusev4 

Abstract – Cloud computing is a new archetype where the 
hardware resources offered as services are intended to be 
excessively scalable. The cloud model’s ability of sharing 
hardware resources and services among multiple tenants sets 
new challenges and issues. In this paper we consider the 
performance as an issue of the multi-tenant cloud model, since 
multiple tenants share same hardware resources, applications 
and database instances. In order to measure the performance, we 
performed response time analysis of a memory demanding web 
service, hosted in two distinct experimental multitenant cloud 
environments. Furthermore, we used the performance data to 
build robust machine learning based classifier, capable of 
distinguishing between two multi-tenant configurations. The 
significance of this approach is in its ability to learn and adapt to 
various workloads and to prevent the initiation of new virtual 
machine instances when not necessary. 
 

Keywords – Cloud Computing, Machine Learning, 
Performance 

I. INTRODUCTION 

Cloud computing refers to both the applications delivered 
as services over the Internet and the hardware and systems 
software in the data-centers that provide those services [1]. 
Cloud’s resource sharing feature describes the ability of 
sharing the hardware resources and the services among 
multiple tenants and makes this new computing paradigm 
different from the traditional service computing. Bezemer at 
al. [2] give an overview to some of the key features of multi-
tenancy as hardware resource sharing, high degree of 
reconfigurability, shared application and database instances, 
and list a number of benefits for companies to achieve higher 
utilization of hardware resources, easier and cheaper 
maintenance, lower overall costs, etc. 

Virtualization enables isolation of the tenants in multitenant 
cloud computing environment. However, the tenants are not 
quite isolated since they share the same cloud resources, such 
as CPU cache, network interfaces, main memory etc. 
Therefore, the multitenancy confronts some inevitable issues. 
Disrupted and non-consistent performance is one of the 

consequences which results from the sharing of the same 
infrastructure between multiple users. 

In this paper we analyse the performance of a memory 
demanding web service hosted in different multitenant 
configurations. We realize a series of experiments with 
various server loads by changing the message size and the 
number of concurrent messages to analyse the response time 
in each of the multitenant environments. Our idea is to find 
out whether spreading the resources among several smaller 
virtual machine instances in a different manner, produces two 
different multitenant configurations in terms of the 
performance. In this research we propose machine learning 
modelling of the two multitenant environments performance, 
in order to build a classifier capable of discrimination between 
the two classes. The contribution of an approach like this is in 
its ability to learn and adapt to new server loads, ignoring the 
accidental peaks and thus avoiding the unnecessary initiation 
of new virtual machine instances. 

The rest of the paper is organized as follows. In Section 2 
we briefly present the latest work related to our problem. The 
methodology for the machine learning approach is presented 
in Section 3. In Section 4 we present the experiments and the 
results, and we derive our conclusions in Section 5.  

II. RELATED WORK 

In this section we present some of the latest work related to 
machine learning analysis in cloud computing. Even though 
machine learning techniques can be implemented for solving 
many cloud computing issues, considering the cloud 
computing literature, its application is still not widespread. 
Mostly, the machine learning is used for job scheduling, 
workload management, energy saving, etc. 

Ganapathi et al. [3] present statistical driven modeling and 
its application to data intensive workloads. The authors used 
statistics to predict resource requirements for cloud computing 
applications, which can be used for making decisions 
including job scheduling, resource allocation, and workload 
management. Bodik et al. [4] proposed a machine learning 
approach to predict system performance for future 
configurations and workloads and find a control policy that 
minimizes resource usage while maintaining performance. 
Cloud environments benefit from intelligent virtualized 
resources. Xiong et al. [5] proposed an intelligent virtualized 
resources management solution in their machine learning 
powered SmartSLA. Cloud computing is often hosted on 
energy consuming data centers. Therefore, energy 
consumption optimization is another cloud computing and 
data center issue. Chen et al. [6] adopted machine learning 
methods for data center workload, thermal distribution and 
cooling facilities management. The performance prediction 
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has always been researchers challenge. Li et al. [7] present a 
CloudProphet that can accurately predict the response time of 
an on-premise web application that migrates to a cloud. 
CloudGuide explores which cloud configurations meet 
performance requirements and cost constraints and also can 
find new configuration when workload changes [8]. 

 

III. THE METHODOLOGY 

In this section we present the methodology for the machine 
learning approach, the preprocessing and the classification 
process itself. 

 
A. The Testing Environment 

As a testing environment we used client-server architecture 
deployed in OpenStack [9] open source cloud platform with 
Kernel-based Virtual Machine (KVM) hypervisor. The client 
and server nodes are installed with Linux Ubuntu Server 
11.04 operating system on a machine using Intel(R) Xeon(R) 
CPU X5647 @ 2.93GHz with 4 CPU cores and 8GB RAM 
installed. The server platform in cloud realized by virtual 
machine instances consists of Linux Ubuntu Server 11.04 
operating system and Apache Tomcat 6 as application server. 
The client and the cloud are placed in the same LAN segment 
to minimize network latency [10]. The client uses SoapUI 
[11] to test web services performance varying the server 
loads. While testing, two experimental multitenant 
configurations, that host a memory demanding web service, 
are taken into account: 

1. Multitenant cloud environment with 2 VM 
instances, each with 2 CPU cores (2x2), and 

2. Multitenant cloud environment with 4 VM 
instances, each with 1 CPU core (4x1). 

 
B. Server Load Simulation 
 

Generation of various server loads was performed using 
SoapUI tool. Each VM instance is loaded with N messages 
with parameter size of M kilobytes each, with variance 0.5. 
The range of parameters M and N is selected such that web 
servers in VM instances work in normal mode without 
replying error messages and avoiding saturation. The web 
service is loaded with N = 12, 100, 500, 752, 1000, 1252, 
1500, 1752 and 2000 requests per second for each message 
parameter size M from 0K to 9K. In order to simulate 
different connections per core we divide the N concurrent 
messages in four groups of N = 4 messages each. In order to 
achieve realistic performance results, we measured various 
parameters as minimum and maximum response time, the 
average response time, transactions per second (tps), bytes 
and bytes per second (bps). 
 
C. Data Preprocessing 
 

According to the multitenant configurations, we separated 
the data from the testing into two distinct classes, as specified 
in Section 3.2. The results for each class are organized as 
follows. For each value of the message size M and number of 
concurrent messages N, SoapUI generates approximately 200 
tests. We organized the data as vectors containing the 
minimum response time, maximum response time, average 
response time, tps, bytes and bps. Considering the cardinality 
of the Cartesian product of the sets M and N is 81 and the 
number of tests is nearly 200, there are approximately 16,000 
vectors for one thread for a single class. However, there are a 
total of four threads and nearly 64,000 vectors in each of the 
classes. In order to organize all data into the total of four 
threads, we calculated the median of the tests that belong to 
the particular thread, instead of their mean, in order to 
eliminate the possibility of unreal average driven by any 
unexpected peaks. 

In order to prepare the data for the classification process, 
we transformed the values calculating their z-scores using (1). 

 

   (1) 
 

The z-score, or, the standardized score, is a measure of how 
many standard deviations the observation is above or below 
the mean. This normalization is useful when there are outliers 
that would dominate if we map the values so that they fall 
within a small specified range, such as 0.0 to 1.0, i.e., if we 
normalize the values using the min-max normalization [12]. 

 
D. Classification 

 
In this paper we assume that classifying the two classes 

measurements, is a fitting problem. Therefore, we aim to find 
a model which fits the observations. Since for every input we 
know the desired output, we can use supervised learning 
technique as neural networks, to map between the 
observations and the set of numeric targets. In this paper we 
used a two-layer feed-forward network with sigmoid hidden 
neurons and linear output neurons as depicted in Fig. 1. Given 
consistent data and enough neurons in its hidden layer, this 
method can fit multi-dimensional mapping problems. For our 
problem we used 20 hidden layer neurons. As a training 
method we used the Levenberg-Marquardt backpropagation 
algorithm. The results from the classification are given in 
Section 4. 

 

 
 

Fig. 1 Two-layer feed-forward neural network [13] 
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IV. EXPERIMENTS AND RESULTS 

In this section we present the experiments from the 
classification and the obtained results. 

Organizing the measurements into four threads produced 4 
x 81, or, 324 vectors in each class, containing the minimum 
response time, the maximum response time, the average 
response time, tps, bytes and bps. However, after few 
classification experiments, we concluded that the classifier 
works better if we eliminate the minimum response time as 
parameter and all further analysis are done without the 
minimum response time metric. 

As we normalized the observations calculating their z-
scores, we used the MatLab’s neural fitting tool [13] to 
perform classification analysis as specified in Section 3.4. In 
our classification we used 70%, or, 454 samples to belong to 
the training set, 15%, or, 98 samples to the validation set, and 
also 15% to the testing set. All samples were randomly chosen 
to belong to each of the sets. Hereupon, we used a neural 
network with 20 hidden layer neurons and trained it using the 
Levenberg-Marquardt backpropagation algorithm. The 

training process finished in 33 iterations when the validation 
error increased for 6 iterations. The performance of the 
classifier is measured according to the Mean Squared Error 
(MSE) algorithm. MSE is the average squared difference 
between outputs and targets. Fig. 2 depicts the training, 
validation and the testing errors. Since the best validation 
performance value is ~0.068, we consider it is low enough to 
conclude the result is reasonable. Further indicators of 
promising results are the similarity between the testing and the 
validation error, and also the insignificant overfitting that 
occurs after the epoch 27 where the best validation 
performance occurs. 

The state of the training algorithm with respect to epochs is 
depicted in Fig. 3. 

A linear regression between the network outputs and the 
corresponding targets is depicted in Fig. 4. Regression R 
values measure the correlation between outputs and targets. 
An R value of 1 means a close relationship, whereas 0 means 
a random relationship. According to the R values, the output 
corresponds to the targets good enough for the training, the 
validation and the testing. The total network response is 
~0.904 which satisfies our expectations. All the results are 
presented in Table I. 

TABLE I 
CLASSIFICATION RESULTS 

Results Samples MSE R 
Training 454 ~0.043 0.91
Validation 98 ~0.067 0.86
Testing 98 ~0.049 0.89

 

V. CONCLUSION AND FUTURE WORK 

In this paper we perform series of experiments to simulate 
different multitenant cloud environments. Our aim is to 
measure the performance impact when sharing the same 
infrastructure resources among multiple tenants and to 
perform classification analysis of discrimination between the 
two types of multitenant configurations. For that purpose we 
inspect the performance behavior when a memory demanding 
web service is hosted in multitenant cloud environment with 2 
VM instances, each with 2 CPU cores, and a multitenant 
cloud environment with 4 VM instances, each with 1 CPU 
core. While evaluating the performance we take into account 
the minimum response time, the maximum response time, the 
average response time, tps, bytes and bps, for various numbers 
of messages different in size. Once we obtained the results we 
normalized the values and used a two-layer feed-forward 
network with sigmoid hidden neurons and linear output 
neurons to perform classification analysis. Considering the 
high level of similarity between the two classes, the 
classification results showed satisfying overall response of 
~0.904 value of correlation between the outputs and the 
targets. 

We believe that the contribution of the machine learning 
approach for our problem is in its ability to learn and adapt to 
new server loads, ignoring any accidental peaks. Moreover, 

 

Fig. 2. Classification performance results 

 

Fig. 3. Training algorithm state 
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this research aims towards real time decision of new virtual 
machine instances initiation. 
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Abstract – Buffer management methods are crucial for 

achieving high utilization of the communicational resources 

provided by the high-performance routers. Ineffective 

management of the available buffers can limit the channel 

bandwidth and increase the backpressure on the reverse 

communicational channels. This could lead to degradation of the 

communicational performance of the interconnection network. 

In this paper a novel buffer management method has been 

suggested. The proposed method manages the buffer space by 

coordinating the timing when the flits can be transferred from 

the current router to the input buffers of the next-in-line router.  

 

Keywords – Buffer management, High-performance Routers, 

Interconnection Networks. 

 

I. INTRODUCTION 

The most important component of every cluster based high-

performance computing system (HPCS) is its interconnection 

network. In a concurrent HPCS, the interconnection network 

connects thousands of computing and I/O nodes. As the 

number of nodes increases, the effective allocation of the 

shared communicational resources can decline dramatically, 

resulting in disruption in the intra-cluster communication [2].  

Congestion control, which is performed by the flow control 

mechanism, ensures the effective allocation of the network 

resources among the competing network agent. In general, the 

flow control mechanism should allocate the communicational 

resources in highly effective way so the interconnection 

network can achieve high fraction of its maximal throughput 

and can deliver the packets with constant low latency.      

The flow control mechanisms can be divided in to two main 

categories: bufferless and buffered flow control. In the area of 

HPCS the usage of routers that are based on buffered flow 

control mechanisms is mandatory, mainly because they 

provide low latency and high channel throughput [4, 5]. All of 

the routers that use agent buffering technique require a means 

to communicate the availability of the downstream buffers. By 

exchanging information about the available buffer space the 

upstream nodes can determinate if the transmitting flits could 

be saved in the buffers of the appropriate routers.  

This type of buffer management provides significant 

backpressure, i.e. network communication in reversed 

direction. Usually, the intensity of the backpressure depends 

on the type of the buffered flow control mechanism that is 

implemented in the router.  The buffers of the routers that 

implement packet-buffered flow control are relatively simple 

to manage. Large buffer space allows flexible allocation of the 

available buffers to the appropriate network agents - packets. 

On the other hand, the routers that support flit-buffered flow 

control mechanisms have small input buffers. This limits the 

available storage space for the network agents, which 

translates into complex and less flexible buffer management.   

Buffer management methods are crucial for achieving high 

utilization of the communicational resources. Ineffective 

management of the available buffers can limit the channel 

bandwidth and increase the backpressure on the reverse 

communicational channels.   

The goal of this paper is to suggest a highly effective 

strategy for buffer management in flit-buffered high 

performance routers. The proposed buffer management 

method combines the advantages of the “on/off” and “credit-

based” managements, whilst reducing the backward 

communication traffic.  

II. BACKGROUND 

The network routers require an effective means for 

management of the available buffers. In order to achieve 

adequate allocation of the expensive buffers it is mandatory to 

provide information about the storage space availability 

between the neighboring nodes. Only then the routers will 

have clear image of the free buffers in the routes of the 

traversing agents.  

When implementing a buffer management strategy it is 

important to take into account the specifics of the flow control 

mechanisms and the architecture of the input modules of the 

routers [7]. The relation between them can be grasped by 

examining the concurrent buffer management strategies. 

Concurrent high performance routers usually use “credit-

based” or “on/off” management methods.  

 

A. Credit Based Buffer Management  

With the “Credit-based” strategy, the upstream routers are 

keeping information about the number of available buffers on 

each input channel downstream [6]. Therefore, each time an 

upstream router forwards a flit, it decrements the appropriate 

count. If the count on the upstream router reaches zero, then 

all of the downstream buffers are full and cannot receive any 

additional flits until a buffer space become available. On 

Figure 1 a time line illustrating the “Credit-based” strategy is 

shown. The round delay time trt for this method is the 

minimum time interval t1-t5 between the sending of two 

consecutive credits from the same buffer [1].  

Flit-buffered flow control mechanisms, like “Wormhole” 

and “Step-back-on-blocking” are limiting the router buffers to 

only few flits per input port [3]. This means that on each step 

every traversing flit would have to wait for a credit or 

acknowledgment for available buffer space before it can 

advance to the upstream router. This would greatly decrease 
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the maximal throughput of the output channel. The channel 

bandwidth will be limited to one flit per round trip time trt. In 

other words, this would mean that the maximal bit rate will be 

equal to Sflit/ trt., where Sflit is the size of the flit. In order to 

prevent the buffer management method from limiting the 

maximal throughput over a channel d, we would require a 

buffers size: 

 

                 (1) 

 

It is immediately clear that the “Credit-based” strategy 

could greatly reduce the channel through, when a flit-buffered 

flow control is implemented in the network routers.  

B. “On/Off” management strategy 

“On/Off” management introduces an approach that greatly 

reduces the amount of reverse traffic. With this strategy the 

state of the upstream router is represented as a single bit 

control flag, which can be switched between two states: 

permitted to send-on or not permitted to send-off. A control 

signal is sent via the reverse channel only when the state of 

the upstream router has changed. The control state is always 

changed from on to off when the number of available buffers 

falls below predefined threshold Toff. The opposite on state is 

activated only when the number of available buffers rises 

above the threshold Ton.  

Even though, this buffer management method appears to be 

highly effective it suffers from frequent buffer overflows, 

especially in routers with small buffers. The buffer overflow 

usually appears due to the wire latency and computational 

time that is needed for sending and decoding of the on/off 

signals by the downstream router. To prevent buffer overflow 

the “On/Off” buffer management requires minimal buffer size 

Gm of: 

 

                  (2) 

 

Where tss is the time needed for receiving and decoding of 

the on/off signal. If this equation is not satisfied then the 

buffers can easily overflow. This can result in degradation of 

the communicational performance of the interconnection 

network.  

The routers that support “Wormhole” and “Step-back-on-

Blocking” flow control usually have small input buffers. This 

means that their size is not adequate for the “On/Off” buffer 

management. The implementation of this buffer management 

method in flit-buffered routers will surely lead to frequent 

buffer overflows and poor network performance.    

III. SLIDING INTERVAL BUFFER MANAGEMENT 

In order to be fully functional, both “credit-based” and 

“on/off” buffer management methods require predefined 

minimal buffer size. On the other hand the flit-buffered 

routers cannot provide the adequate buffers size for effective 

implementation of the stated management methods. We 

suggest a novel sliding interval buffer management (SIBM) 

method that primary addresses buffer allocation and 

management in flit-buffered routers.  

The SIBM method manages the buffer space by 

coordinating the timing when the flits can be transferred from 

the current router to the input buffers of the next-in-line 

router. In fact, the SIBM method is based upon the “On/Off” 

strategy, but it adds a function for discrete timing of the flit 

forwarding and storing.  

On Figure 2 the buffer management with SIBM method is 

shown. 

The buffer management is performed per virtual channel 

i.e. the discrete forwarding timings are calculated individually 

for each packet. The process begins with the injection of the 

head flit from the NIC to first in line router. When the head 

flit is ready to be forwarded to the upstream router, the 

average passing time tavg through the switch is calculated. This 

time is used in order to define the forwarding intervals for the 

next flits of the same packet. The forwarding intervals 

between two consecutive flits are calculated using a so-called 

sliding interval coefficient k. The forwarding intervals are not 

fixed, they are continuously decreasing until the upstream 

router returns a signal for possible appearance of overflow or 

blocking. The forwarding interval Tfor is calculated by 

multiplying the average passing time of the flit with the 

sliding coefficient tavg*k. The initial value of the sliding 

coefficient should be predefined with value tavg>1. Choosing a 

value below 1 can induce frequent buffer overflow, because 

the upstream router will not have time and buffers to forward 

the current flits before accepting new ones. Selecting the 

initial value of the sliding coefficient can be problematic. Low 
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values can lead to buffer overflows, but higher values can 

limit the channel bandwidth. From the conducted simulation 

experiments we can conclude that the best value for the 

sliding window is 1.4.  

Subsequently, each time a flit is sent to the upstream router 

the value of sliding coefficient is decreased by a predefined 

constant c. The decreasing constant is defined in accordance 

with the packet size Spacket. The value of the constant is 

determined by the following equation: 

 

                     (3) 

 

With each forwarded flit, the initial value of the sliding 

coefficient is reduced by the predefined constant.  This means 

that the current router will forward the flits in continuously 

decreasing intervals, until the value of the sliding coefficient 

becomes 1, i.e. when all flits from the packet have been 

forwarded. This will guarantee reliable flit transfer and buffer 

management in low traffic conditions. But in reality, the 

interconnection networks and routers are usually working with 

high offered communicational load. This means that the head 

flit can easily become blocked, which will lead to congestion 

of the whole packet and buffer overflow.  

            Flit

OFF Signal + Last received flit

Flit

Flit

Node 1 Node 2

t1 = tavg* ki

t2 = tavg* ki

Flit

Blocked

Flit

ON Signal

Flit

t7 = decoded on 
signal + tavg* ki

t5 = tavg* ki

t4 = tavg* ki

t3 = tavg* ki

t6 = decoded off 
signal

 
   

Fig. 2. Buffer management with the SIBM method  

In order to overcome the buffer overflows, in the cases 

where the packet is blocked, the SIBM method introduces the 

usage of the “on/off” strategy. So, if the packet is blocked 

then all upstream routers will immediately send an off signal 

to the previous routers. The off signal carries the unique 

number of the currently stored flit in the buffers of the 

upstream router. This will provide information to the 

downstream routers about the status of the last successfully 

forwarded flit. After the off signal has been received end 

decoded, the current router will stop with flit transfer until the 

blocking has been overcome. Only then the upstream routers 

will send an on signal in reversed direction. This will reset the 

sliding interval to its initial value and the whole process will 

start again.  

The sliding interval will be also reinitialized if more than 

one flit has been received on the input ports of the upstream 

router. In that case the “on/off” strategy is applied.      

IV. EXPERIMENTAL EVALUATION 

On the basis of simulation experiments conducted in the 

OMNet++ discrete event simulation environment the 

efficiency of the SIBM method has been evaluated. OMNet++ 

simulation environment has been chosen because it provides 

extensible component based simulation framework [8]. 

The effectiveness and the behavior of the proposed buffer 

management method were verified indirectly, by evaluation of 

the communicational performance of an interconnection 

network where it has been implemented. More specifically, 

the experimental evaluation included measuring of the reverse 

and forward traffic between neighboring nodes, comparing the 

maximal latency to the offered load and measuring the effect 

of the value of the sliding coefficient to the network 

performance.  

On Figure 3 the reverse traffic between neighboring nodes 

is given. The figure exhibits the effectiveness of the SIBM 

over the concurrent methods.  

 
Fig. 3. Reverse traffic between the given nodes  

 

On Figure 4 the maximal achieved forward bandwidth per 

node’s physical channel is given. Once more, we can see that 

the prosed buffer management method achieves higher 
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bandwidth than “credit-based”, while maintaining lower 

reverse communication.   

 
Fig. 4. Forward traffic between the given nodes. Given as a fraction 

of the ideal bandwidth 

 

Figure 5 exhibits the relation between the latency and the 

offered load of an interconnection networks where the SIBM 

method has been implemented. The flit size is 32. 

 
Fig. 5. Latency vs. Offered Load  

 

On Figure 6 the relation between the value of the sliding 

coefficient and the maximal channel bandwidth is given.  

 

 
Fig. 6. Relation between the sliding interval coefficient and the 

maximal achieved bandwidth 

V. CONCLUSION 

Buffer management methods are crucial for achieving high 

utilization of the communicational resources. Ineffective 

management of the available buffers can limit the channel 

bandwidth and increase the backpressure on the reverse 

communicational channels. 

In this paper a novel buffer management method has been 

suggested. The proposed SIBM method manages the buffer 

space by coordinating the timing when the flits can be 

transferred from the current router to the input buffers of the 

next-in-line router. In fact, the SIBM method is based upon 

the “On/Off” strategy, but it adds a function for sliding 

interval timing of the flit forwarding and storing.  

The effectiveness and the behavior of the proposed buffer 

management method were verified indirectly, by evaluation of 

the communicational performance of an interconnection 

network where it has been implemented. 

In future, we intend to verify and explore the efficiency of 

the proposed buffer management method in respect to its 

behavior for a wide spectrum of network topologies, flow 

control mechanisms and router architectures. 
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VHDL-AMS Description of Digitally Programmable Gain 
Amplifiers through SPI  

Marieta Kovacheva1 and Ivailo Pandiev2 

Abstract – In this paper a behavioural VHDL-AMS models for 
digitally programmable gain amplifiers (PGAs) are presented. 
For creating the models, simplification and build-up techniques 
known from macromodelling of operational amplifiers have been 
adapted. The models accurately reflect input impedance, transfer 
function (amplifier gain in binary steps versus controlling digital 
code through SPI), small-signal frequency response, large-signal 
pulse response, output characteristic (voltage and current limi-
tations) and output resistance. Model parameters are extracted 
for the one channel PGA MCP6S21 and the two channels PGA 
MCP6S22 from Microchip. The behaviours of the equivalent 
circuits are created following their structures and operation 
principle. The modelling of the PGA behaviour is implemented 
and confirms to the format of the simulation program System 
Vision 5.5 (from Mentor Graphics). The simulation results show 
accurate agreement with the theoretical predictions.    
 

Keywords – Mixed-signal circuits, Programmable gain ampli-
fiers, SPI, Behavioural models, VHDL-AMS, Mixed-signal simu-
lation. 
 

I. INTRODUCTION 

 The programmable gain amplifiers (PGAs) are electronic 
amplifiers (typically an operational amplifiers), which gain 
can be controlled by external digital or analogue signals. The 
gain can be set from less than 1V/V to over 100V/V. They 
have analogue input and output. For the most PGAs the 
external controlling digital signals are applied to the specific 
address inputs by using SPI or I²C standard. Typical 
applications for the PGAs are mixed-signal processing 
systems, test equipment and medical instrumentation.  

After analyse of the existing model libraries in OrCAD 
PSpice A/D [1] and SystemVision (from Mentor Graphics) [2] 
some conclusions are made. In the System Vision libraries, a 
PGA behavioural model can be found for AD526 [3]. But in 
this model the external digital signal is parallel passed, 
nevertheless this model reflects all basic characteristics and 
parameters of the PSpice model. In the OrCAD PSpice A/D 
libraries some PGA models can be found, one of them is a 
macro model of AD526 [4]. In this model two basic modes of 
operation are reflected – transparent and latch mode. The 
PSpice macro model is not compatible to VHDL-AMS 
simulators. In these models is not reflected serial transmission 
of data (SPI or I2C), which is typical for modern PGA. The 
existing models with a suitable choice of parameters and 

elements can be used of a mixed-signal circuit simulations, 
but not confirm to the architectures of a broad class of the 
monolithic PGAs. Transformation from OrCAD PSpice A/D 
to System Vision libraries can be done, but it’s quite 
complicated, requires a lot of resources and additional 
processing. Since there is no behavioural models for PGAs 
with SPI data transfer and they are necessary for simulating 
mixed-signal circuits and systems. The goal of this paper 
therefore is to develop a behavioural VHDL-AMS model that 
accurately simulates the basic electrical characteristics of 
PGAs with synchronous serial data input and output transmi-
ssion. 

II.  MONOLITHIC PGAS 

The monolithic one channel PGA MCP6S21 and the two 
channel PGA MCP6S22 [5] from Microchip are used as an 
examples for creating the behavioural models. In fact the 
digitally programmable ICs MCP6S21 and MCP6S22 are 
typical representatives of the programmable amplifiers over 
an SPI™ bus. Thus add gain control and input channel 
selection (for MCP6S22) to the embedded control system. 
These PGAs are optimized for high speed, low offset voltage 
and single-supply operation with rail-to-rail input and output 
capability. These specifications support single-supply appli-
cations needing flexible performance or multiple inputs. Fig. 1 
summarizes the external view of MCP6S21. The input voltage 
is passed to inv  pin and the output voltage is obtained by outv  

pin. These PGAs are configured in a non-inverting circuit 
with gains of 1, 2, 4, 5, 8, 10, 16 and 32V/V that can be 
digitally selected using signals, applied to pins SI , SCK and 

CS. A daisy chain configuration is possible through SO pin. 
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Fig. 1. Monolithic PGA MCP6S21 external view [5]. 
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These devices come with an internal register that allow user 
to select gains, channels and shutdown mode of operation. In 
general the internal structure of the MCP6S21 consists of one 
non-inverting amplifier, analogue switches with resistor 
ladder and SPI logic block. 

The input signal inv  for the MCP6S21 is applied to a 

terminal input referred to ground and the input signals for the 
MCP6S22 are connected to the CH0 or CH1. All input 
terminals are high-impedance CMOS with very low bias 
currents ( nA5,0< ). For the two channel MCP6S22, the 
internal multiplexer 2x1 selects which one is amplified to the 
output. The output pin (VOUT) is a low-impedance ( Ω< 1 ) 
voltage source. The selected gain (G), selected input (input / 
CH0 or CH1) and voltage at VREF determine its value. The 

SPI interface inputs are: Chip Select (CS), Serial Input (SI ) 
and Serial Clock (SCK ). These are Schmitt triggered, CMOS 
logic inputs. These devices have a SPI interface serial output 
( SO) pin. This is a CMOS push-pull output and does not ever 

go High-Z. Once the device is deselected (CSgoes high), SO 
is forced low. This feature supports daisy chaining configu-
ration. 

III.  BEHAVIOUR MODELLING WITH VHDL-AMS 

The created behavioural model of digitally PGA is 
developed by using a style combining structural and 
mathematical description. The structural description is the 
netlist of the model and the behavioural description consists of 
simultaneous statements to describe the continuous behaviour. 
The behaviour of the proposed PGA is described using the 
structure given on Fig. 1. 

A. A behavioural language: VHDL-AMS 

VHDL-AMS is a comparatively new standard 1076.1 of 
VHDL that supports hierarchical description and simulation of 
analogue, digital and mixed-signal applications with conser-

vative and non-conservative equations [6, 7]. On the mixed-
signal side a variety of abstraction levels is supported. The 
VHDL-AMS modelling is not restricted to mixed-signal 
applications but also supports thermal and mechatronic sys-
tems. 

B. A behavioural PGA VHDL-AMS models 

The behavioural models of the PGAs are built using the 
results obtained by analyses of the ICs MCP6S21 and 
MCP6S22 [5]. The circuit diagram of a one channel PGA 
model is shown in Fig. 2, where the different stages are 
presented with structural and behavioural elements. The 
model includes the following elements and parameters with 
numerical values: Ω= Trin 100   and pFCin 15=  – input 

resistance and capacitance; Ω= krlad 9.4  – internal resistance; 

VVio µ275= – input offset voltage; pAIio 250= – input 

offset current; pAIib 1= –input bias current; mAIsc 1=  – dc 

supply current;  =iGAIN 1, 2, 4, 5, 8, 10, 16 and 32; 

=πω= 2/pipif  12, 6, 10, 7, 2,4, 2, 5 and MHz2 are the cut-

off frequencies (at dB3− ) for gains 1, 2, 4, 5, 8, 10, 16 and 
32, respectively; sVSRSR np µ/411 =−=  – positive and nega-

tive slew rates at gains 1 and 2; sVSRSR np µ/1122 =−=  – 

positive and negative slew rates at gains 4, 5, 8 and 10; 
sVSRSR np µ/2233 =−=  – positive and negative slew rates at 

gains 16 and 32; intv – output voltage-controlled voltage 

source; mVvdp 30= – positive and mVvsn 20= – negative 

voltage drops for the output voltage limitation; 
mAii np 30max_max_ =−=   – maximum output currents; 

Ω= 01,0outr  – output resistance.  

The proposed model includes small- and large- signal 
effects such as (1) accurate input impedance, (2) amplifier 
gain in binary steps versus controlling digital code, (3) SPI 
transmitting of the control data, (4) ac small-signal frequency 
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Fig. 2. Circuit diagram of a one channel PGA behavioural model. 
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responses, (5) slew rates, (6) dc supply current, (7) voltage 
and current limitations and (8) output resistance. 

 
library IEEE; library ieee_proposed; use IEEE.std_logic_1164.all; use IEEE.std_logic_arith.all; use 

IEEE.math_real.all; use ieee.std_logic_unsigned.all; use ieee_proposed.electrical_systems.all; 

entity mcp6s21 is 

    generic ( --  generic parameters here);  

    port (  terminal input, ref, nvdd, nvss, output: electrical;  

                signal  SI, CS, SCK : in  std_logic;   

                signal  SO : out std_logic := '0'); 

end entity mcp6s21; 

architecture default of mcp6s21 is 

-- constant declaration here 

terminal internal:electrical; 

quantity vin across iin,icin,ii through input to electrical_ref; 

quantity vref across iref through ref to electrical_ref; 

quantity vdd across nvdd; 

quantity vss across nvss; 

quantity isc through nvdd to nvss;  

quantity vout across output; 

quantity vrout across irout through internal to output; 

quantity vint across iintern,i_ib through internal; 

quantity v0, vamp, v_io: voltage; 

quantity irout_h : current;  

signal sh_down:real:=0.0; 

signal gain:real:=1.0; 

signal SI_int : std_logic_vector(0 to 31) ; 

signal SI_int3 : std_logic_vector(0 to 2);   -- output of comparators    

signal SO_int : std_logic_vector(0 to 31):="00000000000000000000000000000000"; 

begin 

v_io == vio; 

ii == iio / 2.0; 

i_ib == iib; 

isc==supply_current;     

iin==vin/rin; 

iref==vref/rlad; 

v0==vref; 

icin==cin*vin'dot; 

irout_h==vrout/rout;  

if  gain=1.0 and sh_down=0.0 use 

  vamp==vin'ltf(NUM1,DEN1) - v0'ltf(NUM1,DEN1)+v0+v_io'ltf(NUM1,DEN1); 

 elsif gain=2.0 and sh_down=0.0 use 

  vamp==vin'ltf(NUM2,DEN2)  - v0'ltf(NUM2,DEN2)+v0 +v_io'ltf(NUM2,DEN2); 

 elsif gain=4.0 and sh_down=0.0 use 

  vamp==vin'ltf(NUM4,DEN4)  - v0'ltf(NUM4,DEN4)+v0+v_io'ltf(NUM4,DEN4); 

 elsif gain=5.0 and sh_down=0.0 use 

  vamp==vin'ltf(NUM5,DEN5) - v0'ltf(NUM5,DEN5)+v0+v_io'ltf(NUM5,DEN5); 

 elsif gain=8.0 and sh_down=0.0 use 

  vamp==vin'ltf(NUM8,DEN8)  - v0'ltf(NUM8,DEN8)+v0+v_io'ltf(NUM8,DEN8); 

 elsif gain=10.0 and sh_down=0.0 use 

  vamp==vin'ltf(NUM10,DEN10)  - v0'ltf(NUM10,DEN10)+v0+v_io'ltf(NUM10,DEN10); 

 elsif gain=16.0 and sh_down=0.0 use 

  vamp==vin'ltf(NUM16,DEN16) - v0'ltf(NUM16,DEN16)+v0+v_io'ltf(NUM16,DEN16); 

 elsif gain=32.0 and sh_down=0.0 use 

   vamp==vin'ltf(NUM32,DEN32) - v0'ltf(NUM32,DEN32)+v0+v_io'ltf(NUM32,DEN32); 

 else  

        vamp==v0; 

end use;  

--limitation of output voltage 

if vamp'above(vdd-vdp) use 

  vint==vdd-vdp; 

 elsif not vamp'above(vss+vsn) use 

  vint==vss+vsn; 

else 

--slew rate at diff gain values 

if gain=16.0 or gain=32.0 use  

 vint==vamp'slew(SRp3, SRn3); 

elsif gain=4.0 or gain=5.0 or gain=8.0 or gain=10.0  use 

  vint==vamp'slew(SRp2,SRn2); 

else 

  vint==vamp'slew(SRp1,SRn1); 

end use; 

end use; 

--limitation of output current 

 if irout_h'above(imax_p) use 

  irout==imax_p; 

 elsif not irout_h'above(imax_n) use 

  irout==imax_n; 

 else  

  irout==irout_h; 

 end use; 

control_proc : process is 

procedure gain_change (signal SI_int1 : std_logic_vector(0 to 2); 

signal s:out real 

 ) is 

    begin          

        case SI_int1 (0 to 2) is 

 when b"111" =>  s <=32.0;             

 when b"001" => s <=2.0;    

 when b"010" => s <=4.0;    

 when b"011" => s <=5.0;   

 when b"100" => s <=8.0;   

 when b"101" => s <=10.0;   

 when b"110" => s <=16.0;   

 when others => s <=1.0;     

    end case;       

end procedure gain_change; 

variable index, I, i1 : integer := 0; 

begin  

if ( SCK = '1' and SCK'event ) then     

        SI_int(index) <= SI;          

        index := index+1;         

       SI_int3(0)<=  SI_int(29) ; 

       SI_int3(1)<=  SI_int(30) ; 

       SI_int3(2)<=  SI_int(31) ;   

    SO_int(0 to 15) <="0000000000000000" ; 

    SO_int(16 to 31)<=SI_int(0 to 15);           

     if index = 32 then 

        index := 0;                 

     end if;                  

end if; 

if ( SI_int(16)= '0' and SI_int(17)= '0' and SI_int(18)= '1' ) then   

sh_down <= 1.0;  

elsif ( SI_int(16)= '0' and SI_int(17)= '1' and SI_int(18)= '0' ) then 

sh_down <= 0.0;  

else 

sh_down <= 0.0;  

end if; 

--counter 32 bits 

if ( CS = '0') then     

  gain_change(SI_int3,gain); 

 else        

  wait until  ( CS = '0'); 

  gain_change(SI_int3,gain);    

end if;  

 if ( SCK = '0') then  

 SO <= SO_int (i1); 

 i1:=i1+1; 

 if i1=32 then 

 i1:=0; 

 end if; 

 end if; 

 wait on  SCK, SI, CS, gain;  

end process ; 

end architecture default; 

Fig. 3. A one channel PGA behavioural VHDL-AMS model. 

Fig. 3 shows the behavioural VHDL-AMS model of PGA. 
The library clause and the use clause make all declarations in 
the packages electrical_systems, math_real and 
std_logic_1164 visible in the model. This is necessary, 
because the model uses nature electrical from package 
electrical_system and constant math_2_pi for the value of 

π2  from package math_real. The signals SI, CS, SCK, SO are 
of std_logic type, which is defined in package std_logic_1164. 
The proposed PGA model is composed by an entity and an 
architecture, where bold text indicates reserved words and 
upper-case text indicates predefined concepts. The entity 
declares the generic model parameters, as well as specifies 
interface terminals of nature electrical and logical ports of 
std_logic type. The generic parameters and constants, used in 
the simultaneous statements, are not given with their concrete 
numerical values in the model description. The proposed PGA 
model includes the following electrical terminals: input port – 
input, reference port – ref, output port – output, port for the 
positive supply voltage – nvdd and port for the negative 
supply voltage – nvss. The model has one inner terminal 
internal. It’s used to specify the controlled source vint. 

The architecture contains the implementation of the model. 
It is coded by combining structural and behavioural elements. 

 Also in the model the operation of two registers is reflected 
– instruction register and gain register. The significant bits for 
the instruction register are bit16, bit17 and bit18 from SI, for 
gain register the significant bits are bit29, bit30 and bit31 from 
SI. In the two channel MCP6S22, another register is added in 
the code - address register, where the significant bits within SI 
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are bit23 and bit28. These bits define the state of the digital 
signal addr. The addr defines whether the vamp is taken from 
the electrical terminals ch0 or ch1. The ch0 or ch1 replace the 
electrical terminal input in the code, given in Fig. 3. 

IV.  MODEL PERFORMANCE 

The verification check of the created behavioural PGA 
model is performed by comparing simulation results with the 
manufacturer’s data for the IC MCP6S21. The simulations of 
the model are performed within System Vision 5.5 program 
(from Mentor Graphics). The test circuits are created 
following the test conditions, given in the semiconductor data 
book of the corresponding PGA.  

The simulation testing is made for two values of the gain 
with values +2 and +8. The input sine-wave signal is chosen 
with amplitude V1.0 , offset voltage + V5.2  and frequency 

kHz100 . The external reference voltage is set to +V5.2  and 
the IC MCP6S21 is biased with +V5  power supply. The SPI 
data is defined with the states of the SI, CS and SCK signals. 
Fig. 4 shows the simulation results for the two values, upper 
results are for gain 2 and the results given below are for gain 
8. The comparison gives a very good correspondence between 
the behavioural of the proposed PGA model and the real amp-
lifier. The maximum error is not higher than %1.0 , which 
guarantee the sufficient degree of accuracy. 

 

 
Fig. 4. The simulated time domain responses for the proposed PGA 

model at gain 2 and 8, respectively. 
 

In order the workability of the PGA to be proved, the model 
is simulated in daisy chain configuration. It is realized 
following the specified way, given in technical docu-
mentation.  Simulation results are shown on Fig. 5. The input 
sine-wave signal is with amplitude V1.0  for the first IC 
MCP6S21 and V05.0  for the second IC. For the two input 
sources the offset voltage is equal to V5.2  and the frequency 
is kHz100 . The reference voltage is set to V5.2 . SI signal for 

the first device sets the gain to 10, and for the second device 
the gain is 2. The SI2 signal is SO of the first device that 
controls the second device in the daisy chain configuration.  
Simulation results show the proper work of the created model. 
The error is not higher than %1.0 .  

 
Fig. 5. The simulated time domain responses for the PGA model, 

connected in daisy chain configuration at gain 10 and 2, respectively. 

V. CONCLUSION 

In this paper a generalized behavioural VHDL-AMS model 
of monolithic PGAs over an SPI™ bus, based on the data 
sheet characteristics, has been presented. The proposed model 
accurately describes the dc, ac and transient behaviour of 
monolithic PGAs with binary voltage gains. The created 
model can be used for analysis and design of wide range of 
mixed-signal circuits and systems. 
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Concurrent X-fault simulator – problems and decision  
Pavlinka Radoyska

1
 and Kamen Fillyov

2 

Abstract – In this paper is presented concurrent X-fault 

simulator. The main problems originate from the multiple fault 

nature of X-fault model and specific propagation rules. The first 

problem stems from inability to use bivalent logic for bad gates. 

This problem is resolved by trivalent logic and two bits 

presentation for any value. The next problems arise from specific 

fault propagation rules. Second problem is connected with X-

fault version generation. This problem is resolved by associating 

a set of sub-bad gates to every bad gate. The third problem 

relates to the X-fault source lines presentation. The aim is to 

make fast unions operations. This problem is resolved very 

effectively by using binary arrays for source lines description.  

 

Keywords – X-fault model, VLSI fault simulator, concurrent 

fault simulation, algorithm, bivalent logic, trivalent logic, bitwise 

operations. 

 

I. INTRODUCTION 

X-fault model is described in [1], [2] and [3]. This is a 

multiple fault model. It is proper for modeling some complex 

defects such as Byzantine defect, bridge defect and others. 

Each X-fault is described by the gate name, the version and 

the set of source lines. X-fault is injected on each gate output 

(fig.1). X-fault versions are different for each output branch. 

The set of source lines includes one element - the branch line.  

X-fault has the single fault nature, if the gate has one output 

line, and multiple fault nature, if the gate has fanout on the 

output. Fault propagation rules are described by the equations 

from (1) to (12). 

 

 

Fig. 1: X-fault injection for fanout-free and fanout gates 

NOT(Xi(b)) =   )(biX     (1) 

AND(Xi(b),0) = 0    (2) 

AND(Xi(b),1) = Xi(b)    (3) 

AND(Xi(b), )(biX ) = 0    (4) 

OR(Xi(b1),0) = Xi(b1)    (5) 

OR(Xi(b1),1) = 1     (6) 

OR(Xi(b), )(biX ) = 1    (7) 

XOR(Xi(b),0)= Xi(b)    (8) 

XOR(Xi(b),1) = )(biX      (9) 

XOR (Xi(b), )(biX )=1    (10) 

XOR (Xi(b), Xi(b))=0    (11) 

G(X1(B1), X1(B2),, Xk(Bk)) = )(
1

1 
k

i

k BiX



  (12) 

Many authors works on developing effective simulation 

algorithms [5][6][7], based on stuck-at fault model. The most 

efficient of them is concurrent fault simulator. Concurrent 

simulation algorithm is based on fast bivalent logic and event-

driven principles. Fault-free simulations are performed on 

circuit model. Each fault-free gate is called good gate. A set of 

bad gates is associated with each good gate. Bad gates 

correspond to the faults, observable on the input lines and 

simulate the faulty behavior. One bad gate corresponds to one 

fault. A gate is called bad if at least one line (input or output) 

has different value from the corresponding line in the good 

gate. A bed event is generated on the gate output if the output 

signal level for the bad gate is different from the output signal 

level for the good gate. Bad gates, which generate bad events 

on primary outputs, determine the set of faults, detected by 

applied input vector.  The full calculations for the good gates 

and for the set of bad gates are performed for first simulation 

cycle. Only gates (good or bed) with input lines, affected by 

an event are recalculated on the next simulation cycles.  Event 

is called every change of line signal value. 

X-fault propagation principles, have analytic nature and 

there are deductive approach is the closest to this description. 

Deductive X-fault simulator is presented in previous papers. 

Another type of X-fault simulator - parallel X-fault simulator, 

is developed by Tallinn University of Technology, Estonia 

[8]. Our aims are to develop X-fault simulator of concurrent 

type.  Developing the concurrent X-fault simulator is 

supported by some problems. The first problem comes from 

more complex propagation rules and impossibility to use 

simple bivalent logic. The second problem comes from the 

multiple fault nature and necessity to define unique fault 

version identifier. The third problem comes from requirement 

to make union between the source lines sets.  We try to 

resolve these problems in the next section. 

II. PROBLEMS AND DECISIONS  

As described above, a set of bad gates must be associated to 

each good gate (fig.2). Every bad gate corresponds to one X-

1Pavlinka Radoyska is with the College of Energetic and 

Electronics at Technical University of Sofia, 8 Kl. Ohridski Blvd, 

Sofia 1000, Bulgaria, E-mail: pradoiska@abv.bg.   
2Kamen Fillyov is with the Faculty of Computer Systems and 

Control at Technical University of Sofia, 8 Kl. Ohridski Blvd, Sofia 

1000, Bulgaria, E-mail: kfillyov@ecad.tu-sofia.bg. 
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fault. The good gate is G. On its input lines are detectable 

three X-faults: A, B and C. Associated bad gates are three: G-

A for X-fault A, G-B for X-fault B and G-C for X-fault C.  

A. Bivalent logic 

Effectiveness and fastness of the classic concurrent 

simulator is comes especially from bivalent logic and fast 

bitwise operations. If we replace signals for every faulty lines 

in bad gates (fig.2) with opposite value for gate G-A will get 

AND(0,0,1)=0, for gate G-B will get AND(1,1,1)=1 and for 

gate G-C – AND(1,1,0)=0. Output signal level for G-A is 0, 

which means that this bad gate does not generate bad event. 

This behavior corresponds to the X-fault propagation rules. 

Output signal level for G-B is 1, which means that this bad 

gate generates bad event. This behavior corresponds to the X-

fault propagation rules too. Output signal level for G-C is 0, 

which means that this bad gate does not generate bad event. 

This behavior is in conflict with the X-fault propagation rules. 

Therefore bivalent logic is not applicable for the X-fault 

model.  

Problem can be solved by using trivalent logic in 

combination with bitwise operations. Signal values are 3 

types: 0 and 1 for fault-free inputs and X, for faulty signal 

level. Bad gate generates bad event if output signal level is X. 

Bad gates behavior in trivalent logic are described as follows: 

for G-A – AND(X,0,1)=0; for G-B – AND(1,X,1)=X; for G-C 

– AND(1,X,X)=X. Hence, bad gate G-A does not generate 

bad event and bad gates G-B and G-C generate bad events.  

Trivalent values can be presented by two bits to use the fast 

bitwise operations. Value “0” is presented by (00), value “1” – 

by (11) and value “X” – by the rest two combinations: (01) 

and (10). Trivalent logic and bitwise operations for bad gates 

of AND, OR, NAND and NOR types are presented by 

equations (13)-(24). Output X values for normal gates are 

presented by (01). Output X values for inverted gates are 

presented by (10). This is the reason to use two binary 

presentations for X value.  

AND ( (00), (01)) = (00)  AND ( 0, X) = 0  (13) 

AND ( (11), (01)) = (01)  AND ( 1, X) = X  (14) 

AND ( (01), (01)) = (01)  AND ( X, X) = X (15) 

OR ( (00), (01)) = (01)  OR ( 0, X) = X   (16) 

OR ( (11), (01)) = (11)  OR ( 1, X) = 1  (17) 

OR ( (01), (01)) = (01)  OR ( X, X) = X  (18) 

NAND ( (00), (01)) = (11)  NAND (0, X) = 1 (19) 

NAND ( (11), (01)) = (10)  NAND ( 1, X) = X (20) 

NAND ( (01), (01)) = (10)  NAND ( X, X) = X (21) 

NOR ( (00), (01)) = (10)  NOR ( 0, X) = X  (22) 

NOR ( (11), (01)) = (00)  NOR ( 1, X) = 0  (23) 

NOR ( (01), (01)) = (10)  NOR ( X, X) = X  (24) 

The main purpose of trivalent logic is to determine whether 

there is a bad event on the bad gate output or not. This logic is 

not applicable for XOR/NXOR gates. XOR(X,X) must be X, 

but XOR((01),(01))=(00). The problem will be discussed in 

the next sub-section. 

 

Fig.2. Gate description for X-fault concurrent simulator 

B. X-fault version identifier generation  

Calculations for the new X-fault version identifier (vID) are 

more complex and time consuming. There are 3 sub-

problems: 

a) How to generate unique version ID for every new 

combination of input X-fault versions; 

b) How to generate the same version ID for the same 

combination of input X-fault versions; 

c) How to determine if there is a dominant X-fault version 

and decide to use it as output X-fault version.  

The first approach for new vID generation is to use integer 

value and to care highest version ID (hvID). The value of 

dvID is increase by one for any new version. This approach is 

very fast, but does not satisfy sub-problems b) and c). A 

circuit segment is shown on fig.3. Fault version 3 is the same 

as fault version 5, but it is not visible by vID. This approach 

does not permit to associate the same vID for X3(l1,l2) and 

X5(l1,l2). Therefore we give up first approach.  

 
Fig.3. X-fault version generation 

The second approach is to use string values for vID and 

generate it by concatenation the source versions. In this 

manner the vID for faults X3 and X5 will become identical: 

vID=”12”. But if the new version generates only by source 

versions concatenation, the vID for X4 will look like the same 

as the faults X3 and X5: vID=”12”. This is the reason to add 

symbol “i" before every X-fault version ID, which has 

inversion flag. The vID for X4 will become “1i2”, which is 

different. 

292



 
 
 

Concatenation approach follows to two other problems: 

versions order problem and duplication problem. Versions 

“12” and “21” are represent by different strings, but actually 

they are the same. The set of input vID must be sorted before 

concatenation to avoid version order problem. The vID for X7 

(firg.3) is “12”, according to the X-fault propagation rules, but 

after concatenation vID becomes “1212”. Problem can be 

solved by reducing the duplicate versions after sorting and 

before concatenation. The duplicate versions are neighbors in 

ordered set and reducing process is not time consuming.  

It is more complex operation to find dominant X-fault 

versions, received by equations (4), (7), (10) and (11). There 

are analytical and bivalent approaches for solving the 

problem. Analytical approach is close connected to describe 

above solution for solving duplicate version name problem. 

Inverse flags are compared for every pair of identical 

versions. If flags are the same, the second version name is 

extracted from the set. If flags are different, there is a 

dominant version.  

 
Fig.4. Sub-bad gates for AND-type gate 

The second approach has concurrent fault simulation 

nature. If a bad gate generate bad event, for each X-fault 

version is created a new sub-bad gate. Signal level for each 

fault free input line is the same as in good gate. Signal level 

for each faulty input line with the same fault version is X(01). 

Signal levels for other input lines are recessive for the gate 

type – 1 for AND and NAND gates and 0 for OR and NOR 

gates. Duplicate versions are affected the same sub-bad gate 

with X value on the gate output. The version is dominant if 

output signal level for the sub-bad gate is opposite of the good 

gate. The output version is dominant if there is a dominant 

version among the sub-bad gates. Otherwise output version is 

obtained by applying the concatenation between sub-bad gates 

versions. Sub-bad gates must be ascending sorted by version 

ID. A gate with input vector (111) is shown on fig.4. Fault-

free output signal is 1. Two X-faults are cause effect on the 

gate – A and C. Two bad gates are associated with a good 

gate. The two bad gates generate bed events. 

X-fault A has two versions – “1” and “2”. Two sub-bad 

gates (G-A1 and G-A2) are generated for this bad gate. 

Version “1” cause effect on lines a and c. Input signal level 

for line a is  (01) and for line c – (10), because there is an 

inversion. Input signal for line b is (11). Output signal for sub-

bad gate G-A1 is (00) and therefore this is a dominant fault 

version.  

X-fault C has also two versions – “1” and “2”. Two sub-bad 

gates (G-C1 and G-C2) are generated for this bad gate. 

Version “1” cause effect on line and its input signal is (01). 

Input signals for lines b and c are (11). Output signal for sub-

bad gate G-C1 is (01) and therefore this is a normal fault 

version, which will be included in concatenation for new vID. 

Version “2” cause effect on lines b and c and their input 

signals are (01). Input signal for line a is (11). Output signal 

for sub-bad gate G-C2 is (01) and therefore this is a normal 

fault version, which will be included in concatenation for new 

vID.  

 
Fig.5. Sub-bad gates for AND-type gate 

In this way, the duplication and dominant problems are 

solved in a natural way with very fast bitwise operations. 

Moreover, this approach gives solution for the XOR problem, 

discussed in section A. Only sub-bad gates are generated for 

XOR and NXOR gates. Duplicate input X-fault versions 

follow to value (00) on the gate output, independently of input 

signal levels. Mutually inverse X-fault versions follow to 

value (11) on the gate output, independently of input signal 

levels. Dominant X-fault version is determined only after 

comparison with the output signal for good gate. Input vector 

for the gate on fig. 5 is (11). Input X-faults are A, B and C. X-

fault A cause the two input lines with the same vID, but with 

inversion on line c. Therefore one sub-bad gate G-A1 is 

created for fault A. Output line level for G-A1 is (11), which 

is opposite then the good gate. Therefore there is a bad event 

and dominant fault version. X-fault C cause the two input 

lines with the same vID. Therefore one sub-bad gate G-C1 is 

created for fault C. Output line level for G-C1 is (00), which 

is the same as for the good gate. Therefore there is not a bad 

event. X-fault B cause the two input lines with different vIDs. 

Therefore two sub-bad gates (G-B1 and G-B2) are created for 

fault B. Output line level for the two sub-bad gates is (01), 

which means that the two versions generate bad events and 

vID on the gate output is “12”. If The input vector for fig.5 is 

(01), output signal for good gate will be 1, output signals for 

sub-bad gates G-A1 and G-C1 will be the same. Therefore G-

C1 will become dominant version and G-A1 will not generate 

bad event. Output signals for G-B1 and G-B2 will be (01), 

which is again X-value. 

In conclusion, the best solution for X-fault version ID value 

type is string type. The best solution for version ID generation 

is to generate sorted list of sub-bed gates for each version and 

concatenate version IDs, if there are not dominant version. 
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C. Union operations for set of X-faults base lines  

There are two solutions for description the source lines for 

current X-fault version. Description by string values, which 

are the lines names, is used in the first solutions. An array of 

source lines’ names is associated with every X-fault version. 

The union of source lines makes by multiple scanning the 

base arrays, which will slow down the simulator. 

Description by binary values is used in the second 

solutions. Source lines for any X-fault version are described 

by a binary array. The size of array is the number of fanout 

branches on the output of the gate, for which X-fault is 

injected. The bit, corresponding to the faulty source branch 

number has true value, others have false value. Each binary 

array has only one true value on fault injection stage. The 

union of two base lines’ sets comes down to bitwise AND. 

For example let us see the gate on fig. 1.b). Gate has three 

output branches. Therefore the source lines array for this X-

fault has three elements. Injected faults are X”1”(100) for line 

c1, X”2”(010) for line c2 and X”3”(001) for line c3. Source 

lines union for equation (25) is presented by binary arrays in 

equation (26). Source lines union for equation (27) is 

presented by binary arrays in equation (28). Source lines 

union for equation (29) is presented by binary arrays in 

equation (30). 

AND (X”1”(c1), X”2”(c2)) = X”12”(c1, c2)    (25) 

AND (X”1”(100), X”2”(010)) = X”12”((100) & (010)) = 

= X”12”(110)      (26) 

AND (X”1”(c1), X”3”(c3)) = X”13”(c1, c3)    (27) 

AND (X”1”(100), X”3”(001)) = X”13”((100) & (001)) = 

= X”13”(101)      (28) 

AND (X”12”(c1,c2),X”13”(c1,c3)) = X”1213”(c1,c2,c3)  (29) 

AND (X”12”(110), X”13”(101)) = X”1213”((110) & (011)) =  

= X”1213”(111)      (30) 

The second approach is time and memory consuming and 

we have embedded it in the concurrent X-fault simulator.  

III. EXPERIMENTAL RESULTS 

Concurrent X-fault simulator is developed on C# and .NET 

framework as web-based tool. The deductive X-fault 

simulator has been presented in previous papers. Simulations 

are performed with the two simulators on the same benchmark 

circuits and test sets. Measured simulation time for the 

deductive simulator (DS) and for the Concurrent simulator 

(CS) are presented in table 1. Abbreviation CS/DS indicates 

the simulation time ratio of Concurrent simulator to Deductive 

simulator. The results show that the Concurrent simulator is 

more effective than the Deductive simulator. 

Experiments are made on computer with 3 GB RAM, 

Pentium Dual-Core CPU T440 2.20GH and 32-bit operating 

system. The results are indicative, despite the weak 

performance of the machine, because the relative, not absolute 

results are important. 

TABLE I 

SIMULATION TIMES  FOR DEDUCTIVE AND CONCURRENT SIMULATORS  

Circuit DS (sec.) CS (sec.) CS/DS 

C17 0.0109 0.0099 0.91 

74L85 0.0183 0.0162 0.88 

74181 0.0192 0.0163 0.85 

74182 0.0047 0.0038 0.80 

74283 0.0090 0.0066 0.73 

C432 0.1186 0.0903 0.76 

C499 0.1140 0.0964 0.85 

C880 0.2616 0.2129 0.81 

C1908 1.2350 0.9594 0.78 

C1355 4.6758 4.3871 0.94 

C3540 6.5588 5.1301 0.78 

IV. CONCLUSIONS 

The main goal of this paper is to discuss the problems, 

related to development of concurrent simulator for X-fault 

model and to offer the best solutions for them.  Proposed 

concurrent simulator uses trivalent logic for bad gates 

simulations. Each value is presented by two bits and 

performances are implemented by fast bitwise operations. A 

bad gate generate bad event if output signal level is X. Sub-

bad gates, working in trivalent logic, are used for any X-fault 

version. X-fault source lines are described by binary values 

and lines’ sets union is performed as bitwise AND. 
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Design of GPS-based Wild Animal’s Tracking System 
with Reduced Size and Weight 

Eltimir Stoimenov1, Tsvetan Shoshkov2, Rosen Miletiev3, Ivailo Pandiev4 

Abstract – This paper describes the initial design of a wild 
animals tracking device (tags). The device relays on an ultra low 
power, small form factor GPS receiver for accurate object 
localization. Moreover nine-axis (gyro + accelerometer + 
compass) MEMS are used as an auxiliary motion sensing device.  
The collected GPS data is transferred by an RF transceiver 
working in the ISM band to a retranslating base station. As the 
output power of the transceiver should be as low as possible the 
tracking device and the base station should be located closely to 
each other. After reception the base station retranslates the 
received GPS data through the GSM/GPRS network to the 
personal computer located in a research laboratory for further 
analysis. For convenience the location of the tracked object will 
be visualized by specialized software called “tracking manager”. 
 

Keywords – Wild tracking, GPS, Wireless microcontrollers, 
GSM/GPRS, Google maps, Nine-axis MEMS. 

I. INTRODUCTION 

Wild tracking is from great importance for gain 
understanding about the way of life of different animals. The 
tracking could be performed by indirect signs left by the 
animal as result of its life activities. This signs include tracks, 
signs, and trails, also known as spoor [1]. One of the first 
recorded attempts for wild animal tracking was performed in 
the fall of 1803 by J. Audubon. He studied the migration of 
the birds and their ability to return to the same place each 
year. Audubon tied a string around the leg of a bird before it 
flew south. The following spring, Audubon discovered that 
the bird had come back [2]. 

In the late 1950 and early 1960 the telemetry tracking 
methods become available [3]. These methods allow tracking 
of the object in real time by means of VHF transmitting 
devices attached to the animal. By using appropriate receiver 
and antenna the location of the animal under study could be 
determined. This approach is a breakthrough in the wild 
tracking, but when it’s used more intensively or for 
monitoring of widely roaming animals, the method proved to 
be expensive, timeconsuming, and often poses risks to 
personnel safety [3]. 

In the late 1970 the satellite based tracking technologies 
open a new opportunities in understanding of the wild animal 
long range migrations [4]. Firstly the launch of the Nimbus 3 
satellite and, later, the ARGOS system, it became possible to 
automatically collect and transmit location data from widely 
roaming or migrating animals (e.g., polar bear and caribou) 
using satellite communication technology [3]. The ARGOS 
system relies on receiving the RF signal emitted by a beacon 
to a low-level orbiting satellite. The accuracy of ARGOS is 
dependent upon the number of times a signal is received from 
a transmitter, while a single satellite is ‘visible’. The accuracy 
of the object positioning is determined by the intensity of the 
transmission. ARGOS classifies positional fixes into three 
‘usable’ classes according to accuracy: 

(1) 350–1000 m; 
(2) 150–350 m; 
(3) <150 m [5].  
The main disadvantages of the Argos tracking method is the 

increased weight and cost and in some particular cases the 
poor spatial resolution [6]. 

Later, the deployment of the NAVSTAR (Navigation 
Geographic Positioning System - GPS), and GLONASS 
(Global navigation satellite systems) declared fully 
operational in 1995 and 2011, respectively, enabled 
development of animal tracking systems with unprecedented 
positional accuracy (+/− 5m). The biggest advantage of the 
GPS-based tracking systems is the very fine spatial resolution. 
On the other hand GPS systems need direct sky view for 
proper operation which makes them inappropriate in some 
cross country terrains. In addition the cost and the power 
consumption (especially in acquisition mode of operation) of 
these systems are still relatively high.  

Some more avant-garde tracking devices incorporate video 
camera which allows a real time surveillance of the animal 
(video tracking systems). At a weight of only 14 g, the 
smallest units to date are suitable for a wide range of birds, 
mammals and reptiles [7]. The device is attached to a suitable 
place on the animal’s body so its movement could be captured 
by the camera. The video-transmission time of integrated 
videotags for birds is currently in the order of hours, which 
might be considered as the main disadvantage. Nevertheless 
the operation time will probably increase in the nearby future 
with the advancement of the technologies.  

Somewhat a new class of short range tracking systems 
emerged in the recent years. These systems use a VHF tag 
attached to the tracked animal. The transmitted signal is then 
received by time synchronized receiver stations and by 
measuring the time difference of signal arrival (TDOA) the 
coordinates of the tag could be obtained. As the device is 
constituted by a simple, low power transmitter the cost per 
node could be very low. Also the operation time will be 
greatly increased compared to the methods described above 
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[6]. Unfortunately the need of receiving stations makes the 
system operation only in a limited range. 

The electronic system presented in this paper is intended for 
tracking of carnivorous mammals from the family of the 
Mustelidae (from Latin mustela, weasel). The size and weight 
of the animals from this family could vary largely - from 
about the size and weight of a mouse to more than 2 m in 
length and 40 kg in weight [8]. This kind of animals is 
territorial and could travel more than 10 km per day in search 
of food [9]. The goal of this research is to develop system 
capable of tracking the smallest species of Mustelidae. A 
typical example for such an animal is the weasels. The 
weasels are specialized in hunting small rodents, birds and 
their eggs. The weasel's small size (males 194-217mm; 
females 173-183mm) and weight (males: 106-131 g, females: 
55-69 g) enables it to search through tunnels and runways of 
mice and voles. Weasels can hunt at any time of the day or 
year. They do not hibernate and can hunt even under deep 
snow. The lifespan of the weasels is quite limited and only 
around 10% survive to over 2 years old [10]. 

II. BLOCK DIAGRAM 

The technical specification of the designed electronic 
system for wild tracking is mainly defined by the specifics of 
the animal under tracking. 

Weight and size. As it is known, the typical maximum 
allowable tracking device to body weight ratio is 5%, with 
lower being preferable [6]. If we suppose that the animal 
weight is about 120 g (for the male species) the device weight 
should not exceed 6 g.  

If we assume that the device is attached to the animal’s 
neck (belt like design) and considering the size of the animal 
the form factor of the device should be ring with radius off 
about 1,5 cm.  

Operating range and lifetime. The operating range of the 
device should not be less than the maximum hunting area of 
the object - 10 km. Having in mind the short lifespan of the 
animals the lifetime of the system should be not less than one 
year.  

Operating conditions. The device should be able to 
operate in harsh conditions like rapid change in temperature 
and humidity, very low temperatures, it should be waterproof 
and rugged.    

Sketch describing the principle of operation of the system is 
shown on Fig. 1. The system could be divided in two major 
parts. The first part is the tracking devices (tags) attached to 
the wild animals, marked with the large white points on Fig. 
1. These devices transmit the animal location data to nearby 
retranslating stations, marked with large black points. The 
stations, which are the second major part of the system, are 
equipped with GSM/GPRS transceiver. After the data from 
the tags has been received the stations transfer it through the 
GSM/GPRS link to the personal computer (PC) with Internet 
connection located in a research laboratory.  

 
 

A. Tracking device block diagram 

The block diagram of the tracking device is shown on Fig. 
2. We choose to determine the position of the tracked animal 
by using a GPS module as shown on the figure. In order to 
find the best module for our needs we compared many 
commercially available modules from different semiconductor 
manufacturers. Our research shows that UC530M (from U-
Blox Inc.) GPS module is the most appropriate for our design 
needs. The module is equipped with embedded chip antenna 
which reduces the module size and weight. Moreover the 
power consumption of UC530M is one of the smallest 
compared with its counterparts which could extend the 
lifetime of the tag.   

 

 
The data from the GPS module is transferred through a 

UART interface to a low power wireless microcontroller. In 
our design we decided to use a Silabs microcontroller of the 
1000 series from Silabs Inc. These microcontrollers have 
integrated RF transceiver and temperature sensor which 
reduces the number of external active and passive compo-
nents. Moreover the output power of the integrated transceiver 
could vary from +1 dBm (1,25 mW)  to maximum +20 dBm 
(100 mW), which extends the operation range of the device. 
The RF transceiver operates in the open industrial, scientific 
and medical (ISM) radio band within frequency range from 
902 MHz to 928 MHz with center frequency equal to 915 
MHz.  

An additional motion sensor MPU-9150 (from Invensense 
Inc.) which accompanies the GPS module is also incorporated 
in the block diagram. This device combines a 3-axis 
gyroscope, 3-axis accelerometer and 3-axis compass in the 
same chip together with an onboard Digital Motion Processor 
(DMP) capable of processing the complex 9-axis algorithms 
[11]. MPU-9150 should serve as a temporary localization 
device when the GPS module cannot provide location data. 

Retranslating
station-1

Retranslating
Station-2

Retranslating
Station-3

Tracked animal-2

Tracked animal-4

Tracked animal-3

Tracked animal-5

Tracked animal-1

 

Fig. 1. Sketch of the designed wild animal tracking system  
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This scenario is possible when there is no clear view to the 
sky or the battery power is not sufficient for the GPS module 
proper operation.  

When is necessary, the microcontroller could store some 
amount of GPS data into the logging memory. This will allow 
some reduction in the power consumption as the data 
transmission to the base stations will be rarer.  

 

 
The power supply of the device is planned to be provided 

by the battery and the power management block. The choice 
of the specific battery type depends on various criteria like 
nominal voltage, capacity, power density, size, maximum 
discharge current, temperature range and etc. For example the  
Li-ion batteries seems to be the most advantageous, but more 
research should be conducted. If necessary, two or more 
batteries could be connected in parallel or series. The power 
management block should be able to provide all the necessary 
supply voltages for the circuitry with maximum efficiency. 

After all the components from the block diagram are chosen 
we can estimate the functional parameters of the tag and 
compare it with the initially defined values. 

  The weight of the device is mainly defined by the weight 
of the GPS module, the battery, the PCB substrate and the 
casing. We can reduce the weight of the tag if we use flexible 
PCB. As the substrate material used by these PCBs is 
polyester or polyimide (Kapton) with very small thickness we 
can consider their weight negligible [12]. In order to reduce 
the weight even more, we plan to realize the casing by using 
conformal coating over the PCB with appropriate material.  

Despite all the actions taken for weight reduction our 
estimations show that the gross weight of the tag will be in the 
range of 10…15 g. This significantly exceed the initial 
requirement, but still makes the device appropriate for animals 
with weight larger than 300 g. 

B. Retranslating base stations 

After the GPS data from the object is obtained, the tag 
should transfer it for further analysis. Because of energy 
saving reasons the transmitting power of the tag is quite 
limited. This requires the usage of retranslating stations 

located as close to the tracking device as possible. The block 
diagram of such a station is shown on Fig. 3.  

The operation of the stations can be described as follows. 
Firstly the station must receive the GPS data collected by the 
animal tag. As the output power of the tag is very limited the 
station should be equipped with highly sensitive transceiver. 
The received data is accumulated in the external memory. 

  

When demanded the stored information could be transferred 
through the GSM/GPRS link to a PC. A specialize software 
application called “tracking manager” will assist to interpret 
the data and conduct the necessary analysis.  

It is worth to say that the retranslation stations are planned 
to be attached to tall trees and camouflage as birdhouses. 
Unfortunately the access to the stations for maintenance will 
be catchy. In this order the power supply of the stations is 
provided by a high capacity battery so the operating time 
could be as long as possible. Moreover a solar cell is planned 
to recharge the battery so the life of the station could be 
extended even more.  

III. TRACKING MANAGER APPLICATION FOR PC 

In order to be processed, analyzed and observed the loca-
tion tracking details it is developed an application that mana-
ges the tracking data. 

Main functions of the tracking manager application are: 
- Receiving location data from all tracked objects; 
- Storing received data in database; 
- Processing tracking data;  
- Observation of tracking data in various modes. 

For utilizing the managing application it is used a PC to 
receive, organize and visualize the data. 

Data receiving is done through a RS232 (or USB) port from 
a GSM/GPRS receiver. Most important data in the received 
package contains locations with longitude and latitude. 

Each received package of data is stored in a row table in a 
database. Data are automatically distributed to specific 
database tables to organize better the data.  

Using database requests various data queries can be 
obtained. Requests are used to output various arrays of data so 
different cases can be observed: 

- Displaying current locations; 

Logging
Memory

Power 
Management

Battery

Microcontroller + Transceiver

Gyro + accelerometer + 
compass

GPS module
UART

I2C

t

902-928 MHz

Fig 2. Block diagram of the tracking device (tag).   

Memory

Power 
Management

Battery

Microcontroller

902-928 MHz

Solar cell 

GSM 
module

Transceiver

 

Fig 3. Block diagram of retranslating base station. 
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- Displaying path that is tracked for a given period of 
time for a given tracked object; 

- Statistics for destination passed for a given amount 
of time. 

Observation of the tracking data is done by using a map 
API that allows displaying interactive maps. It is used to 
display current locations with markers and tracked paths by 
drawing on top of the map. The developed application is 
flexible and can be developed further to cover more 
functionalities such as more useful statistics and tracking data 
analysis. The block diagram of the application is shown on 
Fig. 4. 

 

 

IV. CONCLUSION 

Wild tracking devices are one of the most useful 
instruments in gaining knowledge in the field of zoology. On 
one hand, designing of such a device is a real engineering 
challenge as the technical specification is quite tough. The 
biggest problems are related with the requirements for very 
small sizes and weight. Moreover a sufficient operating time 
is necessary as enough amount of information about the 
animal under study should be gathered. Another obstacle is 
the harsh conditions of the environment.  

At the time problems seems almost impossible to 
overcome. Nevertheless the technology continues to develop. 
New electronic devices with reduced power consumption and 
sizes are constantly introduced to the market. Also new type 
of batteries with improved parameters like energy density and 
operating temperature range are emerging.  

The paper describes a GPS-based tracking device which is 
capable of transmitting the location data through a RF link to 
a nearby retranslating station. Exploiting the GSM/GPRS 
network the station is capable to transfers the information to 
the end user. By using specialist software application the user 
can analyze the data in convenient way. The design presented 
in this paper is incapable to be used with the smallest species 
of the Mustelidae, but still is appropriate for animals with 
weight larger than 300 g. Nevertheless our efforts will not 
stop and we believe that future research will succeed to 
overcome the difficulties.       
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Finite Element Analysis for Multiconductor in Non-
Homogenous Multilayered Dielectric Media 

 
Sarhan M. Musa, Matthew N. O. Sadiku, and J. D. Oliver 

 
Abstract – This paper presents the fast computational and 
modeling of multiconductor transmission lines interconnect in 
non-homogenous multilayered dielectric media using the finite 
element method (FEM). We illustrate the potential distribution 
of the multiconductor transmission lines for the models and their 
solution time. We mainly focus on designing of four-transmission 
lines embedded in two-layered dielectric media and six-
transmission lines interconnect in three-layered dielectric media. 
We compared some of our results of computing the capacitance 
matrix with method of moment (MoM), method of lines (MoL), 
and semi-analytic Green’s function (SAGF) method and found 
them to be closed. 
 
Keywords – Capacitance per unit length, Multicondcutor 
transmission lines, Finite element Method, Multilayered 
dielectric media, Potential distribution. 

I. INTRODUCTION 
Recently, the increases of advances of integrated circuits 

and multichip modules attracts researchers and designers to 
investigate the effectiveness of electromagnetic compatibility 
of the per-unit-length capacitances matrices for multilayer and 
multiconductor interconnects in very high-speed digital 
circuits. The management of the on-chip interconnects with 
respect to the internal parasitic parameter immunity is 
important for the IC designers. Therefore, the optimization of 
the electrical properties of IC using the estimation of 
capacitance matrix of the multilayer and multiconductor 
interconnects in very high speed ICs is essential to calculate.  

Multiconductor transmission lines embedded in 
multilayered dielectric lossy media have been analyzed in 
several methods include the method of moments (MoM) [1-2], 
method of lines (MoL) [3-6], semi-analytic Green’s function 
(SAGF) method [7], spectral domain analysis (SDA) [8-9], 
and boundary element method (BEM) [10]. 

We use finite element method (FEM), in designing the 
four-transmission lines embedded in two-layered dielectric 
media and six-transmission lines interconnect in three-layered 
dielectric media. The FEM is especially suitable and effective 
for the computation of electromagnetic fields in strongly 
inhomogeneous media. Also, it has high computation 
accuracy and fast computation speed. We show that FEM is as 
suitable and effective as other methods for modeling 
multiconductor transmission lines VLSI circuits.  
    
 We compared some of our results of computing the 

capacitance-per-unit length matrix with other methods. We 
specifically compared the modeling of designing of the 
structures with the MoM, MoL, and SAGF methods and found 
to be in agreement. 

II. RESULTS AND DISCUSSIONS 
The models designed with finite elements are unbounded 

(or open), meaning that the electromagnetic fields should 
extend towards infinity. This is not possible because it would 
require a very large mesh. The easiest approach is just to 
extend the simulation domain “far enough” that the influence 
of the terminating boundary conditions at the far end becomes 
negligible.  In any electromagnetic field analysis, the 
placement of far-field boundary is an important concern, 
especially when dealing with the finite element analysis of 
structures which are open. It is necessary to take into account 
the natural boundary of a line at infinity and the presence of 
remote objects and their potential influence on the field shape 
[11].  In all our simulations, the open multiconductor structure 
is surrounded by a W X H shield, where W is the width and H 
is the thickness.  

    The models are designed in 2D using electrostatic 
environment in order to compare our results with the other 
available methods. In the boundary condition of the model’s 
design, we use ground boundary which is zero potential ( 

0V = ) for the shield. We use port condition for the 
conductors to force the potential or current to one or zero 
depending on the setting. Also, we use continuity boundary 
condition between the conductors and between the conductors 
and left and right grounds. 
    In this paper, we consider two different models.  Case A 
investigates the designing of four-transmission lines 
embedded in two-layered dielectric media. For case B, we 
illustrate the modeling of six-transmission lines interconnect 
in three-layered dielectric media. The results from both 
models are compared with some other results in the literature 
such as MoM, MoL, and SAGF methods and found to be 
close. 
    The dimension of the coefficient capacitance matrix is 
proportional to the sum of widths of every dielectric layer and 
the parameters of all conductors.  This results in long 
computing time and large memory especially when the 
structure to be analyzed has many layers and conductors [3].  

    We use one port at a time as the input to evaluate all the 
matrix entries. With the Forced Voltage method, the 
capacitance matrix entries are computed from the charges 
that result on each conductor when an electric potential is 
applied to one of them and all the others are set to ground. 
The matrix is defined as follows:  

Sarhan M. Musa, M. N. O. Sadiku, and  J. D. Oliver are with the
Faculty of Roy G. Perry College of Engineering at Prairie View
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For example, using port 2 as the input will provide the entries 
of the second column: C12, C22, ..., CN2.  

A.  Four-Transmission Lines Embedded in Two-Layered 
Dielectric Media 

    Figure 1 shows the cross section for four-transmission lines 
embedded in two-layered dielectric media with the following 
parameters: 

1rε = dielectric constant of the dielectric material 1 = 9.5 

2rε = dielectric constant of the dielectric material 2 = 4.65 

3rε = dielectric constant of the free space = 1.0 
W = width of the shield = 10mm 
w = width of a single conductor line = 1mm 
h = height of each of the dielectric materials = 1mm 
H = height of the shield = 5mm 
s = distance between the two coupled conductors = 1mm 
t = thickness of the strips = 0.01mm 
 

 
 

Fig. 1. Cross section of four-transmission lines embedded in two-
layered dielectric media 

 
    The geometry is enclosed by a 10 X 5mm shield. From the 
model, we generate the finite elements mesh as in Figure 2. 
Table 1 provides the mesh statistics of the model.  Figure 3 
shows the three dimensional (3D) plot of the model. Figure 4 
shows the contour plot of the potential distribution with port 1 
as input. The potential distribution along the line that goes 
from (x,y) = (0,0) to (x,y) = (10mm, 5mm) with port 2 as 
input is show in Fig. 5.   

 
 
Fig. 2. Mesh of four-transmission lines embedded in two-layered 

dielectric media 

TABLE I 
 MESH STATISTICS 

Number of degrees of freedom 107701 
Total Number of mesh points 4899 
Total  Number of elements 9664 
Triangular elements 9664 
Quadrilateral 0 
Boundary elements 593 
Vertex elements 24 

 

 
Fig. 3. 3D plot of four-transmission lines embedded in two-layered 

dielectric media 

 
Fig. 4. Contour plot of the potential distribution of four-transmission 
lines embedded in two-layered dielectric media with port 1 as input 

 
Fig. 5. Potential distribution of four-transmission lines embedded in 

two-layered dielectric media using port 2 as input 
 

    Table 2 shows the finite element results for the capacitance-
per-unit length of four-transmission lines embedded in two-
layered dielectric media.  It compares the results based on our 
work with those from MoM, MoL, and SAGF methods.  
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TABLE II 
 VALUES OF THE CAPACITANCE MATRIX (IN PF/M) FOR FOUR-

TRANSMISSION LINES EMBEDDED IN TWO-LAYERED DIELECTRIC 
MEDIA AS SHOWN IN FIG. 1 

 
Capacitance per 
unit length 

 
MoM[2] 

 
MoL[3] 

 
SAGF [7] 

 
This 
work 

11C  216.70 222.68 216.91 233.43 

12C  -15.08 -15.06 -15.08 -18.73 

13C  -44.82 -45.62 -44.83 -48.09 

14C  -5.77 -5.96 -5.77 -6.44 

22C  216.70 222.68 216.91 233.45 

23C  -5.77 -5.96 -5.77 -6.45 

24C  -44.82 -45.62 -44.83 -48.09 

33C  81.08 83.44 81.25 88.19 

34C  -8.26 -8.21 -8.26 -9.09 

44C  81.08 83.44 81.25 88.19 

B. Six-Transmission Lines Interconnect in Three-Layered 
Dielectric Media  

   Figure 6 shows the cross section for the six-transmission 
lines interconnect in three-layered dielectric media with the 
following parameters: 
 

1rε = dielectric constant of the dielectric material 1 = 2.0 

2rε = dielectric constant of the dielectric material 2 = 3.0 

3rε = dielectric constant of the dielectric material 3 = 4.0 

4rε = dielectric constant of the free space = 1.0 
W = width of the shield = 8mm 
w = width of a single conductor line = 1mm 
h = height of each of the dielectric materials = 1mm 
H = height of the shield = 5mm 
s = distance between the two coupled conductors = 1mm 
t = thickness of the strips = 0.01mm 
 

 
 

Fig. 6. Cross section of six-transmission lines interconnects in three-
layered dielectric media 

 
  The geometry is enclosed by a 8 X 5mm shield. From the 
model, we generate the finite elements mesh with  as in Figure 
7. Table 3 provides the mesh statistics of the model.   
 

 

 
Fig. 7.  Mesh of the six-transmission lines interconnects in three-

layered dielectric media 

TABLE III 
 MESH STATISTICS 

Number of degrees of freedom 195055 
Total Number of mesh points 8803 
Total  Number of elements 17537 
Triangular elements 17537 
Quadrilateral 0 
Boundary elements 1181 
Vertex elements 3824 

    Figure 8 shows the two-dimensional (2D) plot of the six-
transmission lines interconnects in three-layered dielectric 
media. Figure 9 shows the contour plot of the potential 
distribution with port 1 as input. The potential distribution 
along the line that goes from (x,y) = (0,0) to (x,y) = (10mm, 
5mm) with port 2 as input  is portrayed in Figure 10. 
 

 
 

Fig.  8.  2D plot of the six-transmission lines interconnects in three-
layered dielectric media 

 

 
Fig. 9. Contour plot of the potential distribution of the six-

transmission lines interconnects in three-layered dielectric media 
with port 1 as input 
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Fig. 10. Potential distribution of the six-transmission lines 

interconnects in three-layered dielectric media using port 2 as 
input  

Table 4 shows the finite element results for the capacitance-
per-unit length of six-transmission lines interconnect in three-
layered dielectric media.  It compares the results from our 
work with those from other methods.   

TABLE IV 
 VALUES OF THE SELF AND MUTUAL CAPACITANCES COEFFICIENT (IN 

PF/M) FOR SIX-TRANSMISSION LINES INTERCONNECT IN THREE- 
LAYERED DIELECTRIC MEDIA AS SHOWN IN FIG. 6 

 
Capacitance per unit 
length 

 
MoM[2] 

 
MoL[3] 

 
SAGF 
[7] 

 
This 
work 

11 22C C=  76.39 77.44 76.47 83.18 

12 21C C=  -5.26 -5.10 -5.25 -6.69 

13 31 24 42C C C C= = =  -29.54 -29.54 -29.54 -31.49 

14 41 23 32C C C C= = =  -3.59 -3.98 -3.58 -4.16 

15 51 26 62C C C C= = =  -3.43 -3.62 -3.43 -2.70 

16 61 25 52C C C C= = =  -0.86 -0.65 -0.88 -0.809 

33 44C C=  100.80 103.37 100.72 111.49 

34 43C C=  -8.88 -9.14 -8.88 -10.85 

35 53 46 64C C C C= = =  -40.84 -40.84 -40.84 -42.38 

36 63 45 54C C C C= = =  -5.36 -5.72 -5.37 -5.72 

55 66C C=  68.27 69.73 68.35 76.94 

56 65C C=  -8.23 -8.01 -8.23 -8.18 

 
    Tables 2 and 4 provide the results of FEM computations for 
the characteristics of two-layered multiconductor transmission 
lines and three-layered multiconductor transmission lines. The 
results of capacitance matrices, which are useful for the 
analysis of crosstalk between high-speed signal traces on the 
printed circuit board, are compared with other published data 
for the validity of the proposed method. 

 

III. CONCLUSION 

    In this paper, we have presented the modeling in 2D of 
four-transmission lines embedded in two-layered dielectric 
media and six-transmission lines interconnect in three-layered 
dielectric media. We have shown that FEM is suitable and 
effective as method of moment (MoM), method of lines 
(MoL), and semi-analytic Green’s function (SAGF) method 
for modeling multiconductor transmission lines in VLSI 
circuits. Some of the results obtained using FEM for the 
capacitance-per-unit length agree well with those found in the 
literature. We illustrated the potential distribution of the 
multiconductor transmission lines for the models and their 
mesh statistics. The results obtained in this research are 
encouraging and motivating for further study.  
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Computer-Aided Parameter Extraction of Behavioral  

RF Inductor Models 
Elissaveta Gadjeva  

Abstract – An extraction procedure is developed to obtain the 

parameters of behavioral RF planar inductor models. The 

procedure is based on measured data for the S-parameters. The 

computer realization is performed using macrodefinitions in the 

graphical analyzer Cadence Probe. The description of the 

behavioral computer model in accordance with the PSpice input 

language is given. The simulation results using the extracted 

model parameters confirm the validity of the computer model 

and the proposed extraction procedure. 

 

Keywords  – RF spiral inductors, Parameter extraction, PSpice 

simulator. 

I. INTRODUCTION 

Spiral  inductors  are important passive components 

applied in LC tank, VCO, etc. The accurate computer RF 

inductor models are a key problem in the simulation of  RF 

circuits. Recently, two basic types of on-chp spiral inductor 

models are widely used – wide-band models with frequency-

independent model parameters [1], [2], as well as models with 

geometry-dependent model parameters and frequency-

dependent series resistance, taking into account the skin effect 

[3], [4], [5]. Computer approaches to modeling, parameter 

extraction and optimization of planar inductors using Matlab 

are developed in [6]. An approach is proposed in [7] to create 

accurate RF spiral inductor model, valid in the frequency 

range  up to  the resonance frequency fso of the inductor. The 

proposed behavioral model is based on analytical 

approximation of the inductance, depending on the spiral track 

width  and  turn  number. 

In the present paper, a computer-aided extraction procedure 

is developed for obtaining the parameters of the behavioral 

model proposed in [7]. The procedure is based on measured 

data for the S-parameters. The computer realization of the 

extraction procedure is performed using macrodefinitions in 

the graphical analyzer Cadence Probe. The description of the 

behavioral computer model in accordance with the PSpice 

input language is given. The comparison between the 

simulation results and the measured data confirms the validity 

of the developed extraction procedure, as well as the high 

accuracy of the computer behavioral model.  

II. PARAMETER EXTRACTION PROCEDURE 

Based on the measured S-parameters of the RF spiral 

inductor, the two-port Y-parameters can be obtained. The 

inductance value  smL f , corresponding to the measured 

data, is calculated using the following expression: 
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 smL f can be approximated by the following expression 

[7]: 
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The frequency range [fmin, fmax] is divided in three 

subintervals: S1 = [fmin, f1], S2 = [f1,  f2] and S3 = [f2, fmax]  

(Fig. 1). The frequency fmax is near to the resonance frequency  

fso. Each of the terms  1sL f ,  2sL f  and   2sL f  

dominates in the corresponding subinterval S1, S2  and S3 . 

 

 
Fig. 1. Frequency-dependent inductance Lsm(f) 

 

In order to realize the parameter extraction procedure, the 

equation (2) can be represented in the form: 

        1 2 3sL f L f L f L f   , (6) 

where 

  1 .L f A B f  , (7) Elissaveta Gadjeva is with the Faculty of Electronic Engineering 

and Technologies at Technical University of Sofia, 8 Kl. Ohridski 
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The inductance Lsm(f) (Fig. 1), corresponding to the 

measured two-port S-parameters, is used as input data for the 

realization of the extraction procedure. They are introduced 

tabularly using the graphical editor Cadence Capture. 

The frequencies f1 and f2 are defined for the corresponding 

characteristic Lsm(f). For the considered case shown in Fig. 1 

(spiral inductor with trace width 6 mw    and number of 

turns n = 5) [7] f1 = 13.4506 GHz and f2 = 17.281 GHz. 

The proposed extraction procedure consists of the following 

steps: 

1. Converting the measured two-port S-parameters to the 

two-port Y-parameters 

The measured two-port S-parameters Sij i,j = 1,2, are 

converted to the two-port Y-parameters Yij, i,j = 1,2, needed 

for the parameter extraction procedure.  
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where 

11 22 12 21((1 )(1 ) ) oS S S S R     . 

Ro =50 Ω is the characteristic impedance. 

2. Determination of the inductance value Lsm(f) 

The inductance value Lsm(f), corresponding to the 

measurement data, is obtained using (1). 

3. Determination of the coefficient A 

The term   1L f  in (6) dominates in the subinterval S1: 

    1sL f L f  (14) 

and 
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The subinterval S1 is defined using the enable function 
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and  A is calculated in the subinterval S1  using the expression  
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The following macrodefinitions in the graphical analyzer 

Cadence Probe are used for the calculation of A according to 

(17): 

ena_F1 = 0.5*(sgn(F1-F)+1) 
A = max(ena_F1*(Lsm-d(Lsm)*F) 

The function sgn( ) gives the sign of the argument, F is the 

frequency and Lsm is the inductance value, corresponding to 

the measured values of the S-parameters. 

The result for A is shown in Fig. 2. 

 

Fig. 2. Determination of the coefficient A 

4. Determination of the coefficient B 

Using (7) and (14), the coefficient B is obtained in the 

form: 

 
 sdL f

B
df

  (18) 

The realization in the graphical analyzer Probe is illustrated 

in Fig. 3. 

 

Fig. 3. Determination of the coefficient B 

The following macrodefinition in Probe is used for the 

calculation according to (18): 

B = min(D(Lsm)) 

where D ( ) is the function for differentiation in Probe. 
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The result is shown in Fig. 3. 

5. Determination of the coefficient C 

The coefficient C is obtained from (8) for f = f1 where the 

term  3L f  is neglected: 
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The following macrodefinitions in Probe are used for the 

calculation of C according to (19): 
 
ena_F1 = 0.5*(sgn(F1-F)+1) 
C=-max(ena_F1*(Lsm-A-B*F)/log10(2)) 

The result is shown in Fig. 4. 

 

 

Fig. 4. Determination of the coefficient C 

6. Determination of the coefficient c1 

The coefficient c1 is obtained in the interval S2, where the 

term  3L f  is neglected. c1 is calculated for the frequency 

f12=(f1+f2)/2 in the interval S2.  
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where 
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c1 is obtained in Probe using the expression:  
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The computer realization in Probe has the form: 

F12=0.5*(F1+F2) 
C1=max((F-F1)/(log10(pwr(10,(Lsm-A-B*F)/(-C))-1))*ena_F12) 

7. Determination of the coefficient D 

Using (9) for f = f2 
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D is obtained in Probe using the expression:  
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The realization in Probe has the form: 

ena_F2 = 0.5*(sgn(F2-F)+1) 
L3F = Lsm-A-B*F+C*LOG10(1+pwr(10,(F-F1)/C1)) 
DD = max(L3F/LOG10(2)*ena_F2) 

The result is shown in Fig. 5. 

 

 

Fig. 5. Determination of the coefficient D 

 

8. Determination of the coefficient d1 

The coefficient d1 is obtained  using (5) in the interval S3 for 

the frequency f23=(f2+fmax)/2: 
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d1 is obtained in Probe using the expression:  
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The realization in Probe has the form: 

F23 = (F2+MAX(F))/2 
D1=max(ena_F23*(F-F2)/LOG10(pwr(10,L3F/D)-1)) 
ena_F23 = 0.5*(sgn(F-F23)+1) 

Input data for the extraction procedure are the inductance 

values Lsm(f) of the spiral inductor. For the considered 

example, the trace width is 6 mw   , the number of turns is 

n = 5, f1 = 13.4506 GHz and f2 = 17.281 GHz [7]. The 

extracted model parameters obtained using the developed 

extraction procedure are compared with the model parameters 

obtained in [7]. The results are presented in Table 1. 

TABLE I 
EXTRACTED MODEL PARAMETERS 

Model  

parameters 

Extracted 

values 

Extracted 

values in [7] 

A1  -9.546 

B1  0.9584 

A 2.32554 2.3255 

B 0.075793 0.0758 

C -1.32319 -1.3239 

D 0.319677 0.3251 

c1 1.49915 1.5 

d1 0.098333 0.1 

 

The simulation results for the inductor model with extracted 

parameters match very closely to the measurement data given 

in [7]. 

In accordance with the possibilities of the input language of 

the PSpice simulator [8],  the inductance value of the inductor 

cannot be described as a frequency-dependent function. For 

this purpose, the PSpice frequency-dependent behavioral 

inductor model, based on expression (6), is realized   using 

voltage controlled current source (VCCS) of GLAPLACE 

type as shown in Fig. 6. 

 

 
Fig. 6. PSpice behavioral inductor model 

 

As the parameter “frequency” cannot be directly used in the 

input language of the PSpice simulator, it is defined using the 

module of the complex frequency s by the expression 
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2 2
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 (31) 

Using the extracted parameter values, the controlling 

coefficient of the VCCS G1 is in the form: 

1/(s*(A+B*M(s)/pi2+C*log10(pwr(10,(M(s)/pi2-F1)/C1)/ 
(1+pwr(10,(M(s)/pi2-F1)/C1)))+D* log10(1+ 
pwr(10,(M(s)/pi2-F2)/D1)))) 

where pi2 2  . 

III. CONCLUSION 

An extraction procedure has been developed to obtain the 

parameters of the behavioral RF planar inductor model. The 

procedure is based on measured S-parameters. It is realized 

using macrodefinitions in the graphical analyzer Cadence 

Probe. The PSpice description of the behavioral computer 

model is given. The simulation results using the extracted 

model parameters match very close to the measured data. 
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Effectiveness of the Verilog-A Noise Macromodel 
of Current Feedback Operational Amplifier 

Georgi Valkov1 and Elissaveta Gadjeva2 

Abstract – In the present paper a detailed Verilog-A 
macromodel taking into account the noise effects is developed for 
the LM6181 current feedback low noise operational amplifier. 
The efficiency of the model is assessed and compared to the 
corresponding Spice library model. 
 

Keywords – Effectiveness, Verilog-A, Noise Macromodel, 
Current Feedback Operational Amplifier. 
 

I. INTRODUCTION 

The high-level Analog Hardware Description Language 
(AHDL) Verilog-A describes the structure and behavior of 
analog systems and their components using modules. Verilog-
A combines structural modeling with language based 
behavioral modeling. An important feature of the language is 
that it includes coupled algebraic-integro-differential 
equations, rich set of analog operators, if-then and case 
statements, as well as implicit and explicit equations [1]. 
Methodologies and uses of analog behavioral modeling with 
the Verilog-A language are developed in [2]. Simplified 
Verilog-A models of operational amplifiers are proposed in 
[2-4]. A number of research academic and industrial groups 
create compact models using Verilog-A, which are used to 
simulate electronic devices and circuits correctly and 
efficiently. In [5] recommendations are provided for writing 
and optimization of the compact models in Verilog-A. As a 
result, the language Verilog-A can be characterized as an 
extremely efficient language for writing compact models. 
Recently, the AHDLs are widely used in the areas of analog 
and RF circuit simulation. The capabilities and limitations of 
compact models of analog RF circuits are discussed in [6]. 
Correlated noise models are developed in [7] using Verilog-A 
language. They are used in the simulation of the noise 
behavior of MOSFET using correlated noise sources with 
complex correlation coefficients. 

There are many opamp macromodels described in the 
Verilog-A and VHDL-AMS languages [2-4], but most of 
them are too simplified. In addition to that, the noise behavior 
of the actual devices, which is very important for models of 
high precision low-noise opamps, is not considered by those 
models [2-6]. 

In the present paper a detailed macromodel is developed for 
the LM6181 current feedback operational amplifier, using the 

Verilog-A language. The model includes noise effects. The 
model efficiency is investigated and compared to the 
corresponding PSpice library model. 

II. NOISE MODELLING OF THE 
OPERATIONAL AMPLIFIERS 

When modeling noisy two-port devices (Fig. 1a), such as 
operational amplifiers, the output noise is referred to the input 
port of the device. As a result, a noiseless model is created, 
and finally a noise block is added to the input (Fig. 1b). 

For a noisy operational amplifier (Fig. 2a), the noise block 
consists of two current noise sources IN1 and IN2, connected 
between the corresponding input and the reference node, and a 
voltage noise source in series with one of the inputs, as shown 
in Fig. 2b. The signals from these noise sources are frequency 
dependent and can be obtained from the datasheet of the op-
amp. 

 

a) 
 

 

b) 

Fig. 1. Two-port device with noise (a) and equivalent representation 
as a noiseless model and referred noise to the input (b) 

III. NOISE IMPLEMENTATION IN THE SPICE MODEL 

The noise sources IN1, IN2 and EN (Fig. 2b) are realized in 
the computer realization of the Spice macromodel [12] using 
auxiliary circuits shown in Fig. 3, that create the noise signals 
for the corresponding noise sources. 

The resistor R32 creates the white noise current for IN2. The 
resistor R33 creates the white noise current for IN1. The voltage 
between nodes n59 and n61 defines EN. It includes flicker and 
shot noise from the diodes D9 and D10, as well as white noise 
from the resistors R30 and R31. 

1Georgi Valkov is with the Department of Electronics at
Technical University of Sofia, 8 Kl. Ohridski Blvd, Sofia 1000,
Bulgaria, e-mail: gvalkov@abv.bg. 

2Elissaveta Gadjeva is with the Department of Electronics at
Technical University of Sofia, 8 Kl. Ohridski Blvd, Sofia 1000,
Bulgaria, e-mail: egadjeva@tu-sofia.bg. 
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a) 

 

 

b) 

Fig. 2. Symbol of a noisy op-amp (a) and equivalent representation 
as a noise block added to the inputs of a noiseless op-amp model (b) 

 
The symmetric implementation cancels out the DC 

component from V15 and V16, which are used to set the 
required operating point of the two diodes. 

Taking into account that the Modified Nodal Approach 
(MNA) is applied in the circuit simulators, the auxiliary 
circuit in Fig. 3 increases the matrix order of the op-amp 
model by 10 – six additional nodes (n58, n59, n60, n61, n62 and 
n63) and four additional equations describing the independent 
voltage sources V15, V16, V17 and V18. 

 

n58 n59 n61n60

n62 n63

0 0 0 0

0 0 0 0

R30
726.4

R31
726.4

R32
73.6

DN

D10

V17
0

V16
0.1

V18
0

V15
0.1

DN

D9

R33
1840

 

Fig. 3. Noise signals 

IV. NOISE MODELLING IN VERILOG-A 

In Verilog-A the noise is implemented using the 
white_noise, flicker_noise, and noise_table functions [10]. 
The parameter of the white_noise function specifies the noise 
level. The first parameter of the flicker_noise function is the 
noise level at 1Hz. The second parameter is the frequency 

exponent. The parameter passed to the noise_table function 
defines the noise levels for a number of frequency points, 
using the following form: ‘{f1, v1, f2, v2…, fn, vn}. For some 
simulators, a file name can be specified as the parameter for 
noise_table. Each line of the file should contain a pair of 
frequency point and noise level. All noise levels described 

above are in
2V

Hz
. A sample block of noise voltage source has 

the following form: 
 

module v_noise(n1, n2); 

inout n1, n2; 

electrical n1, n2; 

parameter real NT[0:5] 

                   = '{1k,2.5m,10k,0.4m,100k,0.9m}; 

parameter real Ewn = 1  from (0:inf); 

parameter real Efn = 1  from (0:inf); 

parameter real AF  = 1  from (0:inf); 

analog begin 

    V(n1, n2)   <+ white_noise(Ewn*Ewn) 

                 + flicker_noise(Efn*Efn, AF*2) 

                 + noise_table(NT); 

end endmodule 

 
An advantage of Verilog-A is that the noise functions can 

be integrated as a part of the model equations. No auxiliary 
circuits are needed and the matrix order is not affected. 

The Verilog-A implementation of LM6181 current 
feedback op-amp macromodel with noise is shown in Fig. 4. 

V. EFFECTIVENESS ASSESSMENT 

The noise models based on behavioral modeling using 
Verilog-A are characterized with higher efficiency, due to the 
fact that they do not increase the order of the circuit matrix. 
The auxiliary block that generates the noise signals, shown in 
Fig. 3, which are required by the Spice macromodel, increases 
the model matrix order n by 10 and reduces the efficiency of 
the model. 

The relative speed increasing using the Verilog-A model, 
compared to the Spice model has the form: 

 100 S V
C

S

t t
t


  [%], (1) 

where tS is the simulation time, when using the library Spice 
model for LM6181 and tV is the simulation time for the 
Verilog-A model from Fig. 4. 

The dependence of εC on the matrix order n is shown in 
Fig. 5. The model accuracy of the Verilog-A implementation 
is the same as for the Spice model. 

In order to assess the effectiveness of the two models 
depending on the matrix order, the following circuits are 
simulated: a single non-inverting amplifier with a matrix order 
n=71 for the Spice model; a circuit with three amplifiers 
(n=199); a circuit with five amplifiers (n=327) and a circuit 
with seven amplifiers (n=455). 
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// LM6181 current feedback Op-Amp macromodel with noise 

//               in+  in-   v+   v-  out 

module LM6181_ns(n01, n02, n99, n50, n41); 

inout       n01, n02, n99, n50, n41; 

electrical  n01, n02, n99, n50, n41; 

electrical  n03, n04, n05, n06, n07, n08, n09; 

electrical  n10, n11, n12, n13, n15, n16, n17; 

electrical  n20, n21, n22, n23; 

electrical  n30, n31, n33, n34, n35, n36, n37, n38; 

electrical  n40, n44, n45, n46, n47, n49; 

electrical  n55, n56, n57, n98, gnd; ground gnd; 

branch(n99, n05) GI1, FI1;      branch(n04, n50) GI2, FI2; 

branch(n05, n06) GR1;           branch(n06, n99) C1; 

branch(n04, n07) GR2;           branch(n07, n50) C2; 

branch(n99, n08) GR3;           branch(n99, n10) V1; 

branch(n10, n30) RE1;           branch(n50, n09) GR4; 

branch(n11, n50) V2;            branch(n11, n31) RE2; 

branch(n12, n05) va3;           branch(n04, n13) va4; 

branch(n01, n99) GR6, GB1;      branch(n01, n50) GR7; 

branch(n01, gnd) FN1, CIN1;     branch(n99, n02) GB2; 

branch(n02, gnd) FN2, CIN2;     branch(n03, n01) EOS; 

branch(n99, n50) in;            branch(n56, gnd) n56__gnd; 

branch(n01, n49) n01__n49;      branch(n55, gnd) n55__gnd; 

branch(n45, gnd) n45__gnd;      branch(n47, gnd) n47__gnd; 

branch(n57, gnd) n57__gnd; 

branch(n99, n50) I3;            branch(n99, n49) R8; 

branch(n49, n50) R9;            branch(n99, n16) V3; 

branch(n17, n50) V4;            branch(n99, n98) EH; 

branch(n98, n15) G1, R5, C3; 

branch(n98, n20) G2, R14, C4;   branch(n15, n49) n15__n49; 

branch(n98, n21) G3, R15, C5;   branch(n20, n49) n20__n49; 

branch(n98, n22) G4, R16, C6;   branch(n21, n49) n21__n49; 

branch(n98, n23) G5, R17, C7;   branch(n22, n49) n22__n49; 

branch(gnd, n45) G10;           branch(n44, n45) L3; 

branch(n44, gnd) R25;           branch(gnd, n47) G11; 

branch(n46, n47) L4;            branch(n46, gnd) R26; 

branch(n99, gnd) n99__gnd;      branch(n50, gnd) n50__gnd; 

branch(gnd, n55) I12, R27;      branch(gnd, n56) I13, R28; 

branch(gnd, n57) I14, R29; 

branch(n99, n50) F6;            branch(n99, n35) F5; 

branch(n99, n36) va7;           branch(n99, n37) E1; 

branch(n37, n38) va8;           branch(n38, n40) R35; 

branch(n33, n40) V5;            branch(n40, n34) V6; 

branch(n41, n02) CF1;           branch(n40, n41) L5, RL5; 

branch(n99, n23) n99__n23; 

// temperature coeffitient scaling factor 

parameter real Tnom=$simparam("tnom")+273.15 from (0:inf); 

analog function real Tc; 

input TC1, TC2; real TC1, TC2; begin 

Tc = 1 + ($temperature-Tnom)*(TC1+($temperature-Tnom)*TC2); 

end endfunction 

// input stage 

analog begin 

I(GI1)  <+ 243.75u + V(in)*2.708u; 

I(GI2)  <+ 243.75u + V(in)*2.708u; 

I(FI2)  <+ I(va4)*100;          I(GR1)  <+ V(GR1)*238u; 

I(C1)   <+ ddt(V(C1))*468f;     I(GR2)  <+ V(GR2)*238u; 

I(C2)   <+ ddt(V(C2))*468f;     I(GR3)  <+ V(GR3)*1.58m; 

V(V1)   <+ 0.3;                 I(RE1)  <+ V(RE1)/130; 

I(GR4)  <+ V(GR4)*1.58m;        I(FI1)  <+ I(va3)*100; 

V(V2)   <+ 0.3;                 I(RE2)  <+ V(RE2)/150 

V(va3)  <+ 0;                   V(va4)  <+ 0; 

I(GR6)  <+ V(GR6)*50n;          I(GR7)  <+ V(GR7)*50n; 

I(GB1)  <+ -1.2u + V(in)*40n + V(n56__gnd)*1m; 

I(FN1)  <+ white_noise((3.00143e-12)*(3.00143e-12)); 

I(CIN1) <+ ddt(V(CIN1))*2p; 

I(GB2)  <+ 18.5u-V(in)*150n-V(n01__n49)*100n-

V(n55__gnd)*1u; 

I(FN2)  <+ white_noise((1.50071e-11)*(1.50071e-11)); 

I(CIN2) <+ ddt(V(CIN2))*5.75p; 

V(EOS)  <+ -2.8m + V(in)*93u + V(n45__gnd) + V(n47__gnd) 

+V(n57__gnd) + flicker_noise((2.86835e-8 )*(2.86835e-8), 1) 

             + white_noise  ((3.97682e-13)*(3.97682e-13) 

/* second stage */         + (4.90727e-9 )*(4.90727e-9)); 

I(I3)   <+ 4.47m;           V(EH)   <+ V(R8); 

I(R8)   <+ V(R8)/7.19k;     V(V3)   <+ 1.7; 

I(R9)   <+ V(R9)/7.19k;     V(V4)   <+ 2; 

I(G1)   <+ V(GR3)*1.58m + V(GR4)*1.58m; 

//  Fp1 = 27.96 KHz 

I(R5)   <+ V(R5)/2.372e+6;  I(C3)   <+ ddt(V(C3))*2.4p; 

I(G2)   <+ V(n15__n49)*1m;  // pole stage, Fp = 250 MHz 

I(R14)  <+ V(R14)/1k;       I(C4)   <+ ddt(V(C4))*692f; 

I(G3)   <+ V(n20__n49)*1m;  // pole stage, Fp = 250 MHz 

I(R15)  <+ V(R15)/1k;       I(C5)   <+ ddt(V(C5))*692f; 

I(G4)   <+ V(n21__n49)*1m;  // pole stage, Fp = 275 MHz 

I(R16)  <+ V(R16)/1k;       I(C6)   <+ ddt(V(C6))*578.7f; 

I(G5)   <+ V(n22__n49)*1m;  // pole stage, Fp = 500 MHz 

I(R17)  <+ V(R17)/1k;       I(C7)   <+ ddt(V(C7))*318.3f; 

// PSRR stage 

I(G10)  <+ V(n99__gnd)*141.3u; 

V(L3)   <+ ddt(I(L3))*26.53u;   I(R25)  <+ V(R25)/10; 

I(G11)  <+ V(n50__gnd)*141.3u; 

V(L4)   <+ ddt(I(L4))*2.27364u; I(R26)  <+ V(R26)/10; 

// thermal effects 

I(I12)  <+ 1;   I(R27)  <+ V(R27)/(10*Tc(3.453m, 79.3u)); 

I(I13)  <+ 1m;  I(R28)  <+ V(R28)/(1.5*Tc(930.3u, 80.75u)); 

I(I14)  <+ 1m;  I(R29)  <+ V(R29)/(3.34*Tc(3.111m, 0)); 

// output stage 

I(F6)   <+ I(va7);              V(va7)  <+ 0; 

I(F5)   <+ I(va8);              V(va8)  <+ 0; 

V(E1)   <+ V(n99__n23);         V(V5)   <+ 5.3; 

I(R35)  <+ V(R35)/50;           V(V6)   <+ 5.3; 

I(CF1)  <+ ddt(V(CF1))*2.1p;    V(L5)   <+ ddt(I(L5))*31n; 

I(RL5)  <+ V(RL5)/100k; 

end 

// input stage 

QPN Q1  (n50, n03, n05);        DX  D1  (n30, n08); 

QNN Q2  (n99, n03, n04);        DX  D2  (n09, n31); 

QNI Q3  (n08, n06, n02);        DY  DS1 (n03, n12); 

QPI Q4  (n09, n07, n02);        DY  DS2 (n13, n03); 

// second stage 

DX  D3  (n15, n16);             DX  D4  (n17, n15); 

// output stage 

DX  D7  (n36, n35);             DX  D8  (n35, n99); 

DX  D5  (n23, n33);             DX  D6  (n34, n23); 

endmodule 

Fig. 4. Verilog-A implementation of LM6181 current feedback op-amp macromodel with noise 
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Fig. 5. Relative speed increase for noise simulation in the Verilog-A 
model, compared to the Spice model 

 
The following simulation settings are used: AC interval 

[1Hz-1GHz], 10k points/decade, and Print interval for noise 
contribution table: every 5th point. All circuits are simulated in 
the environment of Dolphin SMASH [11]. 

The time measurements are performed by a custom plugin, 
which hooks the simulation start and end events, and reports 
the time difference. The plugin uses the RDTSC processor 
instruction and enables time measurements to be performed 
with a very-high precision. In addition to that, exclusive mode 
is enabled in the simulator, the process and thread priorities 
are set to real-time, and the affinities are locked to a single 
CPU core. This results in a very low maximum deviation 
time, less than 0.8% from the mean value. To further enhance 
the precision, 12 simulations are run in each case and the best 
8 times are averaged to calculate the mean time. 
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VI. CONCLUSION 

A detailed computer macromodel of the current feedback 
operational amplifier has been developed using the Verilog-A 
language. The model includes noise effects. The model 
accuracy of the Verilog-A implementation is the same as for 
the Spice model. The corresponding code is given. The model 
efficiency is investigated and compared to the corresponding 
Spice library model. 
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Optimal experiment for determination of the thermo 
physical properties on materials with low thermal 

conductivity 
Zore Angelevski1, Cvete Dimitrieska2, Silvana Angelevska3 and Ivo Kuzmanov4 

Abstract – This paper determinate an optimal experiment for 
estimation of the thermo physical properties of materials with 
low thermal conductivity. Using the differencing on the so called 
out of dimensions temperature on the thermal conductivity, and 
with differencing on the volume of the thermal capacity, a fully 
defined experiment is defined. By using of the optimal 
experiment on the thermo physical properties, the calculated 
values are very close to the real one. 
 

Keywords – Optimal experiment, Determine sensitivity, 
Sensitivity coefficient. 
 

I. INTRODUCTION 

The experiment is a confirmation of the mathematical 
model. Using determinate number of experiments, the values 
are completely the same one from the mathematical model, 
although the same one represents the physical occurrence. It is 
noticed that with changing of the location of the measurement 
sensors the results from parameters that are get are different. 
With an aim to get more specific and accurate values of the 
parameters of the given conditions, in the science there is an 
special branch which creates a ways for planned experiment. 
The basic aim of this optimal experiment is to get an smallest 
number of performed experiments, with a high level of 
accuracy of the parameters (values). 

The first discussion about the optimal experiments are 
given by Legendre (1806) and Gauss (1809), with a familiar 
method of the smallest quadrates. R.C. Pfaht and B.J. Mitchel 
(1969) continued with their work and they gave a method for 
same time determination on the thermo physical properties. 
Complex book for determination on the parameters and 
optimal experiment is "Parameter estimation in engineering 
and science" by J.V. Beck and K.J. Arnold [1] from 1977. It's 

contribute to engineering problems, especially with transfer of 
heat problems, is an base for further more improvements in 
grading the parameters on known or unknown systems.   

   

II. MATHEMATICAL MODEL 

The partial differential formula for heat transfer is given by 
the following 
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With differencing of the previously defined formulas (1), 
regarding the heat conductivity, you can get: 
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X1 is the sensitivity coefficient (heat conductivity) 
With differencing of the formulas (1) taking in 

consideration the volume of the heat capacity you can get: 
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X2 is the sensitivity coefficient (heat conductivity) 
In most of the cases, the parameters that are characteristic 

for the material, you can know the values of the heat transfer 
and the specific heat capacity of the material. For models with 
two parameters, the determinant D with specific parameters is 
given by the following formula: 
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D C C C= −11 22 12
2     (4) 

The criteria for the optimal experiment (4) on models with 
two parameters is given with the following formula: 

max D C C C= −11 22 12
2    (5) 

The criteria for optimal experiment with two parameters 
applies to models which are linear and nonlinear dependent 
from the parameters, as well as for models which are 
represented with partial differential formulas. The criteria for 
optimal experiment are given in unconditional form of the 
following formula: 

max ( )D C C C+ + + += −11 22 12
2    (6) 

For accurate and safety during the experiment, you should 
put as more as you can measurement sensors on different 
locations: 
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Where m is the number of the measurement sensors, xk is 

the location of the measurement sensor and umax
+ is the 

maximal no dimensional value on the dependent variable 
during the experiment. 

From materials with small value of heat conductivity, for 
the experiment it is chosen composite material. It is 
considered is a case where the temperature on the surface 
doesn't reach more that 550 оС and a heat flux of 20000 Wm-2. 
The partial differential formula (1) in no dimensional form is 
given by the following formula: 
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The analytical solution from the formula (8) and the 
boundary conditions (9) are given by the following formula, 
for the time when the heat flux is active: 
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The change on the no dimensional temperature according to 
the formula (10) for the experiment time, is given into figure 
1. The time interval where the experiment is active, in the 
beginning should give an fully review on the change of the 
temperature. 
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From figure 1 you can see that the temperature is rising 

sharply, and considering the no dimensional time from t+>2.5 
is the same. The temperature is the highest on the surface 
where the heat flux is active, and the same one is gradually 
reduced with increasing of the x+. 

 

III. SENSITIVITY COEFFICIENT 

With differencing of the formulas (10), considering heat 
conductivity, coefficient of sensitivity considering the heat 
conductivity, given by the following formula is given: 
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For 0 < ≤+ +t t h     (12) 
The change of the coefficient of the sensitivity, considering 

heat conductivity (12), graphically is given into figure 2. 
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From figure 2 you can see that the value of X1

+ is the 
highest on the surface that is under active exposure from the 
heat flux, and the same one is lowest with the reduced value 
of the x+. 
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With differencing of the formulas (10), considering the 
volume of the heat capacity, sensitivity coefficient of the 
volume heat conductivity, is given by the following formula: 
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Where: 
0 < ≤+ +t t h      (11) 
The change of the coefficient of the sensitivity, considering 

the volume of the heat capacity (11), graphically is shown in 
figure 3 in addition. 
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Fig. 3 

 
The biggest value of the sensitivity coefficient, considering 

the volume of the heat capacity, is for x+=0.0, and the same 
one it is reduced with highest value of the x+. X2

+ at the 
beginning rapidly is upping and for t+=0.45 it gets it's highest 
value for all of the values of x+, and then it's declining to the 
value of zero.  

 

IV. EXPERIMENT PLANNING  

For deterring of the optimal experiment, all of the chosen 
possibilities for the number of the place of the thermo couples 
are taken under consideration. 

With a final aim to see the change of the sensitivity 
determinate, the proposed plans for a thermo couple are given 
by the locations x+=0.0; 0.1; 0.2; 0.5, 0.7; 0.9.  For the 
proposed plans the change of the determinant is given into 
figure 4 in addition. 
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The highest value of the sensitivity determinant is D+= 

0.01112374, and the same one is for the thermo couple x+=0., 
for no dimensional time t+=2.93. It's more that obvious than 
for the same time, D+ has it’s highest value. 

 
 

Table I 
Pl. 

num. 
Number 

of thermo-
couples 

Location of the 
thermo-couples 

t+ Max D+

1 1 0.0 2.93 0.0111237
2 2 0.0;0.05 2.92 0.0105791
3 3 0.;0.05;0.1 2.91 0.0100086
4 4 0.0'0.05'0.1;0.15 2.9 0.0094196
5 2 0.0;0.1 2.91 0.0100006
6 3 0.0;0.1;0.2 2.88 0.0088073

 
Analyzing the results, conclusion is that, the highest 

absolute values of the sensitivity coefficients are on the 
surface under the heath flux and the locations near to the same 
one. In table 1, are represented six plans with different 
number of thermocouples and their locations. The change of 
the sensitivity determinant for every plan is given into figure 
5. 

On figure 5, you can see that the plan number 1 has the 
highest value for sensitivity determinant. The maximal values 
of the sensitivity determinant for every plan and for the no 
dimensional times are given into figure 5, in addition of this 
paper. 
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For the plan number 1, the sensitivity determinant has it's 

maximal value. This experiment is defined with: 
One or more thermo couples on the surface exposed to 

thermo flux x+=0.0. 
Full time for the experiment is tn

+=2.9. 
The time when the heat flux is active is th

+=2.2. 
The dimensions on the experiment tube are dependent by 

the following formula: 
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Example. For determination on the thermo physical 
conditions of the composite material, from the literature, all of 
the values for the heat transfer are known, λ=0.30 W/mK, and 
the heat conductivity is a=2.5*10-7 m2/s. The heat source 
gives as constant value of the heat flux of q=1.0*104 W/m2. 
The temperature of the surface exposed to heat flux doesn't 
get no more that Т-Т0 =300 оС. For this conditions, the value 
of the measurement tube is L=7.5 mm. For the calculated 
value, the time for the experiment is tn=652.5 s, and the time 
of the heat flux (when the same one is active) is th=495 s. 

The only condition during the experiment is to get an 
relevant number of measurements and data during the 
experiment. In this case, taking into consideration that the 
time of the experiment is tn=652.5 s, the time frame for 
measurement can be bigger, but at the same time it will get an 
relevant number of data. 

 

V. CONCLUSIONS 

For determination of the true values of the given conditions 
for the parameters in the differential formulas, it's necessary to 
have an optimal experiment. The optimal experiment is 
getting by analysis of the sensitivity coefficient by the given 
parameters. All of the locations where the coefficients have 
the highest values are targets, and with their analysis a real 
plans for performance of the experiment are given. During the 
experiment the location and the number of measurement 
sensors are defined. With additional analysis the time of the 
experiment and the heat flux are given, and also by the 
boundary conditions, the dimensions on the measurement 
tube. This analysis is taken in non dimensional shape. 

With this procedure, the experiment is fully defined, which 
means that with one experiment is sure that the values of the 
gated parameters are the real one for the given conditions. 
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Daily Optimal Operation of Cascade Hydro Power Plants  
With Small Storage Capacities 
Anton Causevski1 and Sofija Nikolova-Poceva2 

Abstract –The paper presents a model of optimal operation of 
cascade connected hydro power plants. Small storage capabilities 
of the lower two hydro power plants, respectively their installed 
capacity require special coordinated mode of operation taking 
account the upper level of the reservoirs, i.e. avoiding overflows.  

For analysis realization the Solver optimization tool is used. 
 

Keywords – optimization, cascade hydro power plants, energy 
production. 

I. INTRODUCTION 

The paper presents an approach of the daily optimal 
operation of three cascade connected hydro power plants. 
Because of the specific technical characteristics of the overall 
hydro system, the mode of operation of the hydro power 
plants should be mutually coordinated. The paper includes 
various modes of operation of the analyzed hydro power 
system which of course is dictated by the first hydro power 
plant, but with coordination of the reservoirs state of the both 
downstream hydro power plants. Figure 1 gives the overview 
scheme of the whole hydro energy system.  

 

 

Fig. 1. Hydro energy system consisted of 3 cascade  
power plants and storages 

 
The first HPP1 has large storage capacity of 260 million m3 

(MCM), which can accept the water inflow for the whole 
year. The downstream hydro power plants HPP2 and HPP3 
have small storage capacities of around 1.1 MCM. According 
technical characteristics, HPP1 is seasonal hydro power plant 
which operates in peak hours of the day, while HPP2 and 
HPP3 are daily hydro power plants which operate in whole 
day and night (24 hours) with almost full installed capacity. In 

order to avoid overflows and to avoid loosing water coming 
from HPP1, downstream power plants HPP2 and HPP3 should 
operate during 24 hours similar as run of river power plants. 

Table 1 presents the basic technical parameters for the three 
cascaded hydro power plants and their reservoirs. 

TABLE I 
BASIC TECHNICAL CHARACTERISTICS OF THREE CASCADED  

HYDRO POWER PLANTS AND THEIR RESERVOIRS 

   HPP1 HPP2 HPP3 
Number of units  2 2 2 
Total Installed flow 
(Qinst) 

m3 100 100 40 

Total Installed 
power (Pinst) 

MW 85 36.4 9.6 

Maximum upper 
level (Hk,max) 

m.a.s.l 459 357.3 318 

Minimum upper 
level (Hk,min) 

m.a.s.l 432 355.0 312.0 

Turbine lower level 
(Hdv) 

m.a.s.l 355 313.5 287.5 

Maximum gross 
height (Hb,max) 

(m) 104 43.8 30.5 

Minimum gross 
height  (Hb,min) 

(m) 77 41.5 24.5 

Storage capacity 
(Vk) Mil. m3 260.0 1.1 1.1 

 
The turbine characteristic of each hydro power plant is 

approximated with fourth order polynomial function: 

 eQdQcQbQaQt +⋅+⋅+⋅+⋅= 234)(η  (1) 

The graphical representatives for the turbine characteristic   
of each hydro power plant are shown on Figure 2. 

 

 
HPP1 

 
HPP2 

 
HPP3 

Fig. 2. Turbine characteristic )(Qtη  of the three hydro power plants 

II. MATHEMATICAL MODEL OF DAILY OPERATION 
OF THE CASCADE HYDRO POWER PLANTS  
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In order to find the optimal solution of operating regime for 
the whole cascade hydro system, a mathematical model has 
been developed for the system. The input parameters in the 
model are the following ones: installed flow (Qinst), 
hydraulically losses, minimum and maximum turbine flow, 
starting upper level of the reservoirs (i=1,2,3), minimum 
(Hk,min) and maximum (Hk,max) upper level of the reservoirs, 
altitude of the turbines (Hdv), storage capacity (useful volume 
of water) of the reservoirs (Vk), turbine flow of upper HPP1 
(Qtur,1), characteristic )(Qtη of the turbines in the hydro power 
plants, period of high and low tariff (Thigh+Tlow=24) and 
corresponding price. 

For the calculations the following assumptions are taken: 
operating of HPP1 in peak hours of the day with high tariff 
and avoiding overflow of the reservoirs of HPP2 and HPP3. 

The program gives the following output results for each 
hour of a daily operation (t=1,..,24): operating regimes for 
HPP2 and HPP3, turbine flow (Qtur,2(t), Qtur,3(t) ) for HPP2 
and HPP3, storage level ( )(tH gk ) and water volume for the 
reservoirs of HPP2 and HPP3, power output of all HPPs, 
electrical energy generation in high and low tariff  and 
financial benefits of operating regime.  

Hydraulically connection can be taken as the relation:  

   )()(1 tQtQ HPPtur
i

RESin
i =+  (2) 
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i
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2424

0 )()(  (3) 

where: )(tQ RESin
i  is the water inflow for the reservoir (i) in 

time interval (t), 
)(tQ HPPtur

i  is the turbine flow of the HPP (i) in time interval 
(t), 

)(tV RES
i  is the storage capacity for the reservoir (i)  in time 

interval (t). 
 
The power output of each hydro power plant HPP (i) can be 

expressed as:  

 ( )2)()()())((81.9)( tQHtHtQtQtP dvgktgg ⋅−−⋅⋅⋅⋅= αηη   (4) 

where )(tH gk  is upper level of the reservoir in time interval 
(t).  

The electrical energy production for whole 24 hours period 
of each hydro power plant, HPP (i), is given with the 
following formula: 

 ( )∫∫
==

⋅⋅−−⋅⋅⋅⋅=⋅=
24

2

24

)()()())((81.9)(
T

dvgktg
T

g dttQHtHtQtQdttPW αηη  (5) 

The optimization function is representing by maximum 
electrical energy generation of the HPP2 and HPP3: 

 32 HPPHPPtotal WWWfunctionMAX +=→  (6) 

Based on energy calculations, a financial analysis is made 
for day-night operating regimes of operation taking into 

account the high and low tariff price of electrical energy 
generation: 
• High tariff price of 60 Euro/MWh for the period from 8 

until 24 hour in a day,  
• Low tariff price of 40 Euro/MWh for the period from 1 

until 7 hour in a day. 

III. DAILY OPERATING REGIMES FOR THE CASCADE 
HYDRO SYSTEM 

According mathematical model and the technical 
parameters for the hydro energy system, three cases of 24 
hours operating regime are analyzed: 
• Case 1 - HPP1 operates with maximum turbine flow of 100 

m3/s in two separated intervals, 
• Case 2 – HPP1 operates with turbine flow less than its 

maximum ( <100 m3/s),  
• Case 3 -  HPP2 operates with same turbine flow as HPP1.  

 
The calculation includes the bio minimum flow of hydro 

power plant HPP3 which is 5.6 m3/s.   

3.1. Case 1- HPP1 operates with maximum turbine flow of 
100 m3/s  

In this case HPP1 operates with maximum turbine flow of 
100 m3/s in two separated intervals of the day. Figure 3 
presents the turbine flow during the day of each hydro power 
plant.  
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Fig. 3. Turbine flow during the day of each hydro power plant, case 1 
 
HPP1 operates with maximum turbine flow, with starting 

upper level of the reservoir of 455 m.a.s.l, from 9h to 14h (6 
hours) and from 18h to 22h (5 hours). The starting upper level 
of the reservoir of HPP2 and HPP3 is 356 m.a.s.l and 314 
m.a.s.l respectively. From 1h to 8h the turbine flow of HPP2 
is up to 22 m3/s, then it is larger and has maximum at 13h, at 
15h it is minimal (9.5 m3/s). From 18h to 24h the turbine flow 
of HPP2 begins to decline. From the results can be seen that 
from 9h to 21h the turbine flow of HPP3 is constant and equal 
to its total installed flow (40 m3/s). Figure 4 presents changes 
in upper level of the reservoir during the day of HPP2 and 
HPP3.  

From the figure 4 it is obvious that variations of upper level 
of the reservoir during the day of HPP2 and HPP3 is a major, 
because of their small storage capacities, and practically it 
varies from their minimum and maximum upper level of the 
reservoirs. Figure 5 presents the power production of each 
HPP and cumulative of whole hydro system. It is clear that the 
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largest contribution has HPP1 in both time intervals when it 
operates. 

 

 
HPP2  

HPP3 

Fig. 4. Changes in upper level of the reservoir during the day of 
HPP2 and HPP3, case 1 
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Fig. 5. Power production of each HPP and cumulative of whole 
hydro system, case 1 

3.2. Case 2-HPP1 operates with turbine flow less than its 
maximum 

In this case HPP1 operates with turbine flow less than its 
maximum, but in a wider range of the day. HPP1 operate in 
one interval of the high tariff period from 9h to 22h. In order 
to avoid the overflow of HPP3 it operates with its maximum 
turbine flow from 9h to 24h. HPP2 operates with turbine flow 
higher than 50 m3/s from 9h to 14h and at t=18, 24h. Figure 6 
presents the turbine flow during the day of each hydro power 
plant in this case.  
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Fig. 6. Turbine flow during the day of each hydro power plant, case 2 
 

Storage level of the reservoirs of HPP2 and HPP3 is given 
in Figure 7. In order to provide adequate space volume of the 
reservoirs and to avoid overflow, first in the early hours of 
low tariff period to 8 h, they need to be emptied. This is in 
order to accept the turbine flow of HPP1 during high tariff 
period from 9h to 22h, where accumulations of HPP2 and 
HPP3 are filled near to maximum upper level of the 
reservoirs, and yet to avoid overflow.  

 

 
HPP2 HPP3 

Fig. 7. Changes in upper level of the reservoir during the day of 
HPP2 and HPP3, case 2 

 
In Figure 8 the power production of each HPP and 

cumulative of whole hydro system during the day is given. It 
is clear that the contribution of HPP1 to cover the variable 
part of the consumption is in a wider range and up to 14 hours 
(from 9h to 22h). 
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Fig. 8. Power production of each HPP and cumulative of whole 
hydro system, case 2 

Case 3- HPP2 operates with same turbine flow as HPP1 

In this case run of river operating regime of HPP2 is 
analyzed, i.e. HPP2 operates with the same turbine flow as 
HPP1. Figure 9 provides a graphical overview of turbine flow 
during the day of each hydro power plant. HPP1 and HPP2 
operate from 9h to 22h. From the results it can be seen that 
HPP3 operates with turbine flow up to 21 m3/s in the early 
hours of low tariff period to 8 h and with its maximum turbine 
flow 40 m3/s from 9h to 24h.  
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Fig. 9. Turbine flow during the day of each hydro power plant, case 3 
 

Storage level of the reservoirs of HPP3 is given in Figure 
10. The condition of the reservoir of HPP2 is flat. This 
operating regime does not allow the overflow of HPP2 and 
HPP3. Figure 11 presents the power production of each HPP 
and cumulative of whole hydro system during the day. 
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Fig. 10. Changes in upper level of the reservoir during the day of 
HPP3, case 3 
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Fig. 11. Power production of each HPP and cumulative of whole 
hydro system, case 3 

IV. COMPARING THE RESULTS  

This section give a comparison of the results and financial 
indicators, i.e. the profit from operating regime of the whole 
hydro system for all three cases. In table 2 a comparison of the 
electrical energy production of all three plants separately and 
from the whole hydro system during 24-hour operation is 
presented.  

TABLE II 
ELECTRICAL ENERGY PRODUCTION 

W(MWh) HPP1 HPP2 HPP3 Total 
Case 1 873.23 364.68 186.55 1424.45
Case 2 852.54 383.90 192.81 1429.26
Case 3 682.82 293.36 159.18 1135.36

 
From the results it can be seen that the greatest electrical 

energy production is obtained in the case 2 where HPP1 
operates with turbine flow less than its maximum, but in a 
wider range of the day. Table 3 presents the financial benefit 
from electrical energy production during 24-hour operation 
for all three cases. 

TABLE III 
FINANCIAL PROFIT FROM ELECTRICAL ENERGY PRODUCTION 

Profit (Euro) HPP1 HPP2 HPP3 Total 
Case 1 52393.54 21009.80 10390.29 83793.63
Case 2 51152.56 22042.93 10739.25 83934.74
Case 3 40969.05 17601.82 9144.26 67715.13

 
It is clear that according to the greatest electrical energy 

production for case 2 follows and greatest financial effect of 
about 83935 Euro per day.  

V. CONCLUSION 

The paper presents a model for daily optimal operation of 
hydro power system, composed of cascade connected hydro 
power plants with specific technical parameters, and thereby 
get the maximum cumulative power generation of HPP2 and 
HPP3 and to avoid situations of overflow of the hydro power 
plants. The model can be implemented on various variants of 
production of all three power plants. This system is also 
characterized by the ability to overflow occurs in the lower 
reservoirs of HPP2 and HPP3 when the frontal accumulation 
of HPP1 is full and with high water inflows, which is 
inevitably continuous operation of HPP1. The basic 
assumption for the daily operating regime of operation is to 
avoid overflow of the reservoirs of HPP2 and HPP3. This 
entails at the beginning of the daily operating regime, the 
reservoirs of HPP2 and HPP3 to be at their minimum upper 
level, or empty that would be willing to accept water from 
HPP1 during the high tariff period from 8h to 24h. 

If HPP2 works in run of river operating regime, i.e. with the 
same turbine flow as HPP1, then there is no change in its 
upper level of the reservoir during the day. Then that would 
be the same operating regime for HPP3 as without HPP2. In 
the season of large water inflows the power operation of the 
system, without overflow, can be increased with relatively 
small losses when HPP3 operates in run of river regime with 
its installed flow of 40 m3/s, or spent 3.46 million m3 water 
per day.  
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Abstract – In this paper distributed renewable energy 

generation (particularly multi-agent systems) is compared to 

other modes of generation and analyzed from the broadest 

context of sustainability. The article is focused on Ivan Illich’s 

concept of conviviality.  

 

Keywords – Conviviality, Distributed electricity generation, 

Multi-agent systems, Sustainability. 

 

I. INTRODUCTION 

Engineers and other specialized professions tend to observe 

phenomena in a narrow sense from the point of view of 

problems they usually face in their work. This article is an 

observation of distributed renewable energy generation 

(multi-agent systems as examples) and comparisons to other 

energy generation technologies. 

II. CONVIVIALITY 

Conviviality is in the meaning used in this paper mentioned 

by Illich [1]. It means creation of a “friendlier” society 

focused on solving and easing of people’s problems rather 

than eternal growth as a measure of any success. Illich 

recognizes two watersheds or possible phases in development 

of an institution and infrastructure. The first (earlier) 

watershed is when there is a need for dealing with a specific 

problem. The second watershed is when an institution 

developed during the first stage gets big (this tendency is 

partially driven by an assumption that the eternal economic 

growth is necessary), when its inertia is too big for it to 

respond to changing circumstances (Nooteboom [2], Lund 

[3]), and when the people actually serve it more than it serves 

to the people. Radical monopoly [1] is when a specific 

approach to education, health, transportation, and others (e.g. 

energy) is taken for granted as the only way to get things 

done. It is based upon sparseness of knowledge and different 

professions and organizations and institutions trying to 

establish (and then protect) their prestige as important for the 

whole society. As a measure against these tendencies Illich 

also suggested deschooling [4] (knowledge and its availability 

rather than hiding behind diplomas and societal positions).  

There are six principles in building a network to change a 

system [5]: 

1. Start by understanding the system you are trying to 

change. 

2. Involve both funders and nonprofits as equals from 

the outset. 

3. Design for a network, not an organization – and 

invest in collective infrastructure. 

4. Cultivate leadership at many levels. 

5. Create multiple opportunities to connect and 

communicate. 

6. Remain adaptive and emergent – and committed to a 

long-term. 

These principles should exist as much as possible on all 

levels including the strictly technical part. In the context of 

PowerMatching City and EcoGrid (described later in this 

paper) this means that, with providing technologies needed for 

a more effective use of distributed and distributed renewable 

energy, they are also “Trojan Horses” [6] needed for a wider 

approach toward a transition into a (hopefully) more 

sustainable society. In order to create a network with a looser 

hierarchy and more adaptable network, engineers and 

managers should also bear in mind how these technologies are 

introduced. It seems to the author of this paper that they 

should be open source as much as possible. A really 

sustainable technology or societal “design” [6] means that it 

won’t be an obstacle for future development and that there 

won’t be a need for a drastic ad-hoc redesign. Agent societies, 

opposed to centralized organization, in principle seem to be a 

tool for conviviality needed to provide a context around which 

a network (rather than organization) committed to a long term 

can develop. What we need to understand is that distributed 

(renewable) energy should not be just another opportunity for 

big globalized business with enormous profit in hands of a 

limited number of people (still a mere definition of success in 

the modern world). This is a unique case where an actual 

technological network of agents (described later in the paper), 

if successful, resembles a societal network described above. 

This is exactly what is described by Hill [6] when he mentions 

that the way a specific instance is being designed has to bear 

in mind the next wider system, different time intervals needed 

for specific parts of the system to be developed (new agents 

can be added and removed at will, individual components can 

be improved over time). In case of long-term thinking it seems 

there should be a more open source (in order to avoid radical 

monopoly, sparse knowledge, and too big reliance on success 

and failure of a specific company, especially when companies 

existing in the free market tend to last shortly) approach and 

willingness to share and cooperate. 

In order to create a strategy that can work both now and in 

the future (anticipation [7]), one needs to understand what is 

happening in the global situation at the moment and what 

future tendencies are. A “Black Swan” [8] is an unplanned 

event that drastically changes society and economy and makes 

projections (inductions) about the future pointless. Also, such 

an event is usually relatively simple to explain after it has 

happened. The current financial crisis is an effect of 

temporally spread events and it looks very much like a series 

1Aleksandar Malecic is with the Faculty of Electronic 

Engineering, Aleksandra Medvedeva 14, Nis, Serbia, E-mail: 
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of events predicted by Illich [1]. Radical monopolies 

combined with the second watershed within many businesses 

and institutions will, according to Illich (and it seems that he 

was right), as long as people do business and politics in the 

usual way, cause a very deep crisis – not an economic, but a 

crisis of the industrialized society itself. Distributed renewable 

energy with its long-term focus must not be just another 

opportunity for making profit or one more radical monopoly 

prone to the first and second watershed. It should be an 

important component for transition toward a more sustainable 

society.  

The role of renewable energy is to provide a supplement for 

something that already exists and there is a big need for 

systems thinking [9]. Unexpected dynamics is “expected” and 

there are very long chains and complex interactions between 

causes and effects. In order to deal with complexity, a solution 

also needs to be complex [7]. 

Tools for conviviality are methods and technologies and 

ways they are used within the socio-environmental in order to 

prevent society as we know it to become irreversibly non-

functional. Non-convivial tools might cause dramatic changes 

in the global society and its collapse (there is a similar 

approach by Tainter [10]). Differentiation between convivial 

and non-convivial tools, besides the fact that such a quality 

can hardly be put into parameters and numbers, is very 

difficult especially with specialization in the modern society 

in which competition and profit are the very definition of 

success.  

The new economy is a concept that was popular in 

economics at the end of 20
th

 and beginning of this century. 

The main focus was on the internet as a new way of making 

profit. As an unplanned outcome of that technological bubble 

(an innovation attractive for new investments in research in 

development that eventually doesn’t result in expected profit) 

is the world becoming “flat” [11]. Instead of focus on profit, 

the new economy also provides new networks and 

connections. For instance, let’s use here an example of virtual 

social networks. Myspace [12] has appeared as the first social 

network and it was a platform for emergence of Youtube and 

Photobucket. Facebook has come later. The designers have 

failed to recognize the power of networks and 

interconnections. When they noticed the fast growth of 

Youtube, at first they had blocked it on Myspace and later, 

because complaints from its users, withdrew their decision. At 

the beginning Myspace was bigger than Facebook because it 

was focused more on creative people (willing to try something 

like a virtual social network before the rest of population) and 

had a better search engine and better features for design of 

individual websites. Facebook was from the beginning 

focused on everyone (not just creative individuals) and real-

life networks of friends (those we know what we can talk 

about and share) as the first reason why someone would join. 

This “detail” hasn’t been recognized by the creators of 

Google+ (created with intents to destroy Facebook, regardless 

of what Facebook members think about such an idea). Also, 

the creators of New Myspace (an answer to a big migration of 

people from later made a fatal mistake: they created a totally 

new social network and, instead of upgrading the old Myspace 

with a new design, decided to ignore all networks and 

contents already existent there. The success of a network 

depends much more on the larger context than on its esthetic 

appeal and functionality of particular components. It is not 

such a tragedy (if we ignore the lost opportunity to create 

something akin to the Global Brain) if these things happen in 

the realm of virtual friendship as it would be in the energy 

sector. Infrastructure cannot tolerate such missteps and a lack 

of will to collaborate when needed. A really sustainable 

approach to a technology should last for a long time in all 

possible future changes in the social context 

(preindustrialindustrialpostindustrial …), technological 

improvements, and environmental, economic, and managerial 

crises.  

III. CENTRALIZED AND DISTRIBUTED ENERGY 

GENERATION 

A supergrid is a centralized example of renewable energy. 

This concept is focused on centralization. For instance, wind 

always blows somewhere and larger geographical areas can 

provide smoother characteristics of interconnected wind 

turbines. Also, supergrids could provide energy transmission 

and distribution from areas rich with wind to areas with big 

demands for energy. On the other hand, supergrids can in the 

stages of building and maintenance be time and money 

consuming (Perhaps “too big to fail” is actually just “too 

big”.) and face uncertainties in the process. The main reason 

why an idea about a supergrid should be rejected is probably 

when energy is supposed to be generated on a territory of one 

nation (presumably from the “Third World”) in order to be 

consumed by another nation (presumably more economically 

strong and insisting on keeping this status) because such an 

arrangement would for a reason look like colonization. 

Distributed renewable energy and utilities smaller than 

supergrids could improve their characteristics if combined 

with other technologies [13] such as combined heat and power 

(CHP), vehicles to grid, and smart grids. There are pros and 

cons in both approaches (bigger vs. smaller utilities), but the 

centralized option (besides the fact that it is preferable in 

business as usual) should be chosen only in cases when it 

really is superior because of its aforementioned 

characteristics. 

Energy, regardless of its portion in the gross domestic 

product (GDP), is very important in the modern society and 

economy. The economic growth in recent times is driven by 

energy. Energy will also be needed in order to provide a 

relative economic stability in the future. Electrical energy will 

particularly be important as machines and vehicles switch 

from fossil fuels. When (and if) the global society begins 

taking sustainability more seriously, the transition towards 

renewable energy and the way it is achieved will play an 

important role. Renewable energy is not supposed to provide a 

necessary amount of energy, but rather to achieve the new 

“status quo” (an amount of energy perceived as necessary) 

which is an outcome of the economic growth fueled by 

relatively cheap fossil fuels. Even though we tend to take 

some of its aspects, the modern global society is designed in a 

very specific way. Business persons interested in renewable 

energy will, while succeeding or failing in their work, 
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significantly contribute to writing a new story or “myth” 

necessary for people to collectively define a more sustainable 

future. This means how they will interact with local 

communities and other business processes, what will motivate 

them (profit or something else) to continue their work, and 

how they will (or not) share their knowledge and collaborate. 

Different approaches to sustainability should converge in the 

future and support each other. Anticipation (reaction to future 

events) is preferred to reaction to the past. While business as 

usual is focused on profit, sustainability of the future society, 

if it happens, will be focused on a combination of energy 

efficiency, interactions, and energy generation mix. The 

sustainable future will be difficult to quantify, but also more 

real than the still present “Ponzi scheme” (short-term thinking 

and ignorance of the future and limits to growth) nowadays 

known as entrepreneurship. Complexity in a society is a result 

of problem solving. Both organizational complexity and the 

number of different components within a society are outcomes 

of accumulated problem solving over time. Precisely defined 

and big organizations (Such as supergrid?) are prone to 

problems with inertia (a lack of adaptability) and diminishing 

marginal returns (the main reason of past societies failing and 

collapsing). The chosen approach to renewable energy must 

not be a cause of future societal degradation and diminishing 

marginal returns (for instance because of too big bureaucracy 

developed for its implementation and regulation). Some 

obstacles to a bigger penetration of renewable energy into the 

energy sector are price (especially if the price of fossil fuels 

doesn’t take into account their limited amount and effects on 

the environment), capacity credit, variability, and the inertia 

of power networks.  

The Big Infrastructure [14] model is an outcome of specific 

socioeconomic and technological contexts from the past. A 

traditional approach uses aggregated load forecasts and is 

focused on centralized costs and a distributed approach is 

focused on local conditions and generally shorter distances 

between generation and consumption. The idea that many 

customers will result with a smoother and more predictable 

load has a limited value for a really big number of customers 

when each new customer contributes proportionately less to 

the peak load. It is doubtful how much the size in big systems 

can contribute to marginal costs of electricity generation. 

Also, there are reports about blackouts and there is a need for 

administration (with doubtful results) in big systems. Huge 

generating units under construction can consume a lot of time 

and money. This is especially important for renewable energy 

utilities in which expenses are concentrated in construction 

and maintenance and less electricity generation itself (they 

work on freely available energy resources rather than fossil 

fuels). This aspect can be especially problematic for 

prediction of future demand for electricity [14] if a power 

plant, once built, is too big.  Renewable energy components 

such as individual wind turbines and photovoltaic are 

modular, meaning they can be added and dismantled one by 

one and this characteristic makes them different from 

conventional power plants. Big renewable power plants would 

resemble conventional power plants in their relatively reduced 

modularity and risks of large-scale blackouts. On the other 

hand, in order to have the access to more fine-grained 

information about the system there is a need for advancements 

in information and control technologies. For making decisions 

(which approach to choose) in this context it is not enough to 

apply the “engineering method” [14] (the old method used for 

dealing with new and drastically different problems) that 

approaches to this challenge as to an isolated system with 

controlled variables.  

There is a difference between complexity and 

complicatedness [15]. Complicatedness (a big number of 

components) doesn’t necessarily result in organizational 

improvements. The new organizational structures more 

functional under new circumstances (if this happens) will 

emerge as an outcome of information quality (including the 

access to information – the approach to the new economy 

described in this article). This time the crucial component of 

the next transition (compared for instance with 

industrialization and resources exploitation from the past) is 

very difficult to assess (or even perceive as important) across 

the whole system, even more so if the system is ever-

changing.  

IV. MULTI-AGENT SYSTEMS 

A relatively new (especially for real-life applications) 

approach to information and control technologies that could 

be used distributed electricity generation are multi-agent 

systems (MAS). Agents can also be used for distributed 

restoration of the power system in order to overcome the 

computational complexity and shorten the restoration time. 

Agents [16] are special autonomous software components 

used for simulation of human decision making. They 

cooperate with humans and other agents in order to achieve 

specific tasks. Important parts of their behaviour are 

communication and negotiations during which they make 

decisions needed for problem solving. Coordination between 

them is made by various approaches such as organizational 

structuring, contracts, and planning. During the process the 

agents are asked whether they can and “want” (artificial 

intelligence) to perform actions and they send messages about 

their decisions. The FIPA standard is used for communication 

between different agents and any multi-agent system needs to 

obey it. Sometimes agents are designed from scratch and there 

are also a number of multi-agent system platforms such as 

JADE and JASON [17]. 

PowerMatcher [18] is a multi-agent control concept for 

distributed generation. It is based on market-based control in 

which many agents negotiate and trade on an electronic 

market. The idea behind is a unification of microeconomics 

and control theory in a multi-agent theory. Dynamic pricing is 

used in order to handle scarce resources (matching supply and 

demand) when needed. With flexible energy demand [19] 

variable renewable energy becomes more competitive. 

Applications of PowerMatcher are EcoGrid, both used in real-

life test beds [19]. 

One possible complaint about PowerMatcher would be that 

it is a multi-agent system built from scratch. JADE (Java 

Agent Development Framework) is a currently very popular 

freeware platform for agents. Perhaps in order to create a 

context for popularization and future research and 

323



 
 
 

development of PowerMatcher it should have been better if it 

had been created for instance on JADE [16], especially 

because there is already a lot of third-party software 

developed in order to improve its performances (see social 

networks in this article). Also, since the main goal of 

PowerMatcher is sustainability rather than radical monopoly 

and accumulation of profit in hands of a limited number of 

people (the same mechanism drives companies to both 

temporary successes and short lifetimes), pros and cons of at 

least limited open source should be considered. The virtual 

infrastructure (the backbone of the hypothesised new 

economy) will differ from its physical counterpart in its 

lifecycle and interactions with the rest of the system. A wrong 

approach to this emerging scientific theory should not stand 

on the way toward long-term decision making and 

sustainability. 

Another approach similar (also a multi-agent algorithm) to 

PowerMatcher is suggested by Mets et al. [20]. It uses 

historical price information and is focused on maximization of 

renewable energy generation or reduction of loads for 

externally supplied power.  

 

In this paper distributed renewable energy (particularly 

multi-agent systems is analyzed as a possible tool for 

conviviality (the term used by Ivan Illich) or sustainability in 

a broader context which includes society, organizations, and 

institutions. This technology is compared to other energy 

technologies and between different approaches to distributed 

electricity generation. The focus is on structural similarities 

between Illich’s approach to conviviality and structures of 

multi-agent systems. This work does not provide definite 

answers on the subject, but it does mention hints and possible 

challenges in the context of networks and interactions. 
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Probabilistic Assessment of the Impact of 
Renewable Energy Sources on the Power Flows of 

Medium Voltage Grids 
Nikolay Nikolaev1 

Abstract – Due to known reasons the small-scale wind turbines 
and photovoltaic installations are connected to the medium 
voltage grids. Their increasing share in these grids makes 
relevant the problem with the impact of the renewables on the 
steady-state and the transient processes. There are a lots of 
developed algorithms which are intended to assess the 
uncertainty of the renewable energy sources on the power flows 
of the electrical grids. This paper proposes novel and easy to 
implement algorithm which is based on the generation and 
calculation of random number of steady states, by using the 
Monte Carlo method. The main advantage of the new algorithm 
over the algorithms known from the literature is that in requires 
a minimum initial data. The obtained results allow the user to 
quickly estimate the impact of the generators based on renewable 
energy sources on the loading of the power lines and 
transformers, as well as the impact on the voltage level in the 
grid. The algorithm is realized and tested in a computer program 
developed by the author. Test case results from a medium 
voltage grid are presented. The obtained results prove the 
application of the algorithm for such studies. 
 

Keywords – probabilistic power flow, overloading, wind 
generator, Monte Carlo method, renewable energy sources 
 

I. INTRODUCTION 

The evolution of the electric power systems (EPS) over the 
last decade is mainly associated with massive investments in 
renewable energy generation projects. A significant part the 
built wind and solar power plants are connected to medium 
voltage grids (distribution grids). As it is well known, these 
grids supply the domestic consumers, the small and medium 
enterprises. The topology of the medium voltage (MV) grids 
is usually radial. The connection of power plants based on 
renewable energy sources (RES) raises problems in the 
following aspects:  
• Fluctuating bus voltages due to the intermittent 

operation of the generators; 
• Due to the relatively slower network development, 

lines could possibly be overloaded; 
• In grids with high resistance of the lines (small 

conductor cross-section) an unwanted high-voltage 
level could be observed nearby the generator 
connection node; 

• Possible deterioration of the power quality due to the 
inverter-based generation of the RES. An increased 
level of current and voltage harmonics, as well as 
voltage flicker could be observed. 

A probabilistic power flow algorithm was proposed in [1]. 
It requires bus load data as set of power values along with the 
probability for their observation. The parameters and the 
configuration of the grid are considered unchanged during the 
calculations. Numerous other papers are dedicated to the 
improvement and modification of this algorithm [2-4].  

In [5-8] the fuzzy-set theory is exploited to make a 
probabilistic assessment of the power flows. This approach 
requires that the bus injections are set as intervals (triangular 
or trapezoidal or any other membership functions) within 
which the power may vary with a certain probability. A main 
drawback of the fuzzy power flow algorithms is that the 
generation and the load values are changed in the same 
direction (either both are low or both are high). Practically, 
the situation with the RES in not the same. For instance, the 
wind is usually more powerful very early in the morning, 
while the system load at this time is at its lower rates. 

This contribution proposes a novel and effective algorithm, 
based on the Monte Carlo method. The algorithm accounts the 
uncertainty and evaluates the impact of the RES along with 
the deviation of the bus loads on the power flows and the 
voltages in the grid. The probability density function of the 
bus power injections for simplicity is chosen to be uniform. 
The obtained results allow immediate assessment of the 
probability to observe overloaded lines and transformers. An 
appropriate control schemes of the power plants can be 
determined, in order to maintain reasonable voltages. 

The paper continues with a presentation of the algorithm. 
Results from a test case study are discussed in section III. 
Section IV draws the main conclusions. 

II. ALGORITHM 

To be adequate, the algorithm should be consistent with the 
actual situation of the EPS control (dispatching). In this sense, 
it is clear that the conventional power plants actively 
participate in the power and frequency control of the system. 
Power plants based on RES usually do not provide such 
services, because of their intermittent wind or solar power.  

Therefore, the modern EPS have two sources of uncertainty 
– the bus loads and the generators based on RES. Thus, the 
RES can be considered as negative loads. The resulting EPS 
model has higher degree of uncertainty of the system load. 

The proposed algorithm is based on generation of random 
bus power injections. As a result N random cases are 
formulated and then solved by the Newton-Raphson method. 

1Nikolay Nikolaev is with Department “Electric Power 
Engineering” at Technical University of Varna, Studentska str. 1, 
Varna 9010, Bulgaria, E-mail: n.nikolaev@tu-varna.bg 
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The main idea is to check for overloaded lines or transformers 
for each random case. Let M be the number of cases which do 
not show any overloading. According to the Chernoff’s bound 
[9], the probability for correct assessment (

NOPP ) of the 

probability for normal operation of the grid ( NOP ), is 
evaluated with the following inequality: 

 { } 22/ 1
NO

N
P NOP P M N e εε − ⋅ ⋅≥ − ≥ −  (1) 

In other words 
221 Ne ε− ⋅ ⋅−  is the minimal probability that the 

probability for normal operation of the grid is higher than 
/NOP M N ε≥ − . Where ε  is the deviation error and is 

usually set a small value (for example 0.05 which is 5 % 
deviation). Thus, the more the solved cases N and the smaller 
the deviation error, the higher the probability for correct 
assessment of the probability for normal operation of the grid. 

For the implementation of the algorithm with the Monte 
Carlo method, the following formulation of the grid’s power 
injection model is convenient [10, 11]: 

 ( )conj⋅ ⋅ inj0 = V Y V + S    (2) 

where V  is a column-vector consisted of the complex bus 
voltages, Y  is a square matrix of the network admittances and 

injS  is a column-vector of the generators and loads bus power 

injections. Thus, injS  is assigned as a variable, randomly 
changed for each case N. 

The proposed algorithm is executed in the following stages: 
• First, the minimum and maximum injected bus power 

for each generator and load are specified - ,mininjS  and 

,maxinjS . For the bus loads this could be annual, monthly 
or daily minimum and maximum values. For 
generators based on RES the min and max power is set 
from zero to the rated value. For conventional 
generators which participate in the system active power 
and frequency control the power is allowed to vary 
within the physically admissible limits. An equal min 

and max power is set to those conventional generators 
which do not participate in the active power and 
frequency control of the system (the nuclear power 
plant of Bulgaria usually operates at constant power).  
Finally, two vectors with the minimum and maximum 
injected power are composed - inj,minS  and inj,maxS . 

• Next a randomly generated matrix D  is created with 
elements values within the interval [ ]0,1 . This is easily 
implemented with the following command in 
MATLAB®: D=rand(n,N). Where n is the number of 
buses. The matrix D  can also be represented as a row 
of N column-vectors [ ], ,...,1 2 ND = d d d . Each vector 

id  refers to a random power flow case, where 
1,2,..i N= . 

• This stage is repeated N times and consists of the 
following steps: 

Step 1. The vector with randomly generated bus injections 
is created with the following formula: 

 ( ) iinj inj,min inj,max inj,minS = S + S - S .*d     (3) 

In (3) the sign ‘.*’ stands for element-wise multiplication. 
Step 2. The total load of the system loadP  is calculated, as 

well as the total power generated by RES - RESP . The 
difference between these two power gives the remaining load 
that must be covered by the conventional generators 

,conv need load RESP P P= − . The total power generated by 
conventional power plants is also calculated - convP .  

Step 3. Since all previously calculated power are based on 
random numbers varying within certain limits, in general 

,conv need convP P≠ , i.e. there will be lack or excess of power 
produced by conventional generators. Therefore, it is 
necessary to correct their power in response to the remaining 
system load that has to be covered. That is why the following 
correction coefficient is calculated: 

 , /corr conv needed convk P P=  (4) 

 
Fig. 1. Single-line diagram of one of the MV feeders of the studied substation 

326



 
 

This correction coefficient multiplies the power of all 
conventional generators. Then, if there are generators with 
power beyond the specified limits their power is fixed 
correspondingly to the upper or lower bound. After that, (4) is 
calculated again and the power of the generators that have not 
been limited yet is corrected. This loop repeats over, until 

1corrk ≈  or until all generators hit their limit power. 

Step 4. Now (2) is solved with the corrected vector injS  by 
using the Newton-Raphson method [10-12]. Finally, the 
power flows are evaluated and compared to the maximum 
allowed. If there are no violations, the number of the normal 
operations of the grid is increased by one 1= +M M . But if 
there are cases with overloaded elements, they are recorded. 
After the calculations a statistical information about the 
overloaded elements is displayed. 

III. STUDY ON A MEDIUM VOLTAGE GRID 

Part of the studied MV grid is depicted in Fig. 1. For the 
sake of the study an entire MV grid of a real 110/20 kV 
substation, situated in north-eastern Bulgaria is modeled 
(about 300 buses). The main wind power potential of the 
country is concentrated in this region. That is why many 
small-scale wind farms are built and connected to the MV 
grids in the region. Fig. 1 depicts only one of the feeders of 
the substation. There are six wind farms connected to the line. 
The total length of the feeder is about 40 km. The line is 
constructed with overhead ACSR-95 mm2 conductors. 

A 1000 randomly generated power flow cases are 
calculated for the following situations: 
• Situation 1 – all generators are considered to have 

known active and reactive power at unity power factor; 
• Situation 2 – all generators are considered to have 

known active and reactive power at power factor 
±0.95; 

• Situation 3 – all generators are considered to have 
known voltage magnitude and active power. 

As it was clarified in section II, the wind turbine generators 
may vary their output from zero to the rated power. For the 
wind turbine connected to bus 119 this is shown in Fig. 2. 

Fig. 3 presents the voltage magnitude for the end of the line 
(bus 92), calculated for the three situations. The plots show 
that when the wind turbines control operate with a reference 
reactive power the voltage magnitudes can exceed the allowed 
upper and lower levels (0.9-1.1 p.u.). The results show that the 
most favorable operation in terms of voltage level is situation 
3 - control with reference voltage. In this situation the voltage 
remains within acceptable limits along the entire line. 

Fig. 4 presents the voltage magnitude on bus 118, nearby 
the point of a 9 MW wind farm connection. Due to the high 
conductor resistance, the voltage in situation 1 and situation 2 
is significantly increased in order to inject the generated 
power. Again situation 3 appears to show normal voltage 
levels, because the wind farm absorbs reactive power in order 
to maintain reasonable voltage on the terminals. 

The loading level of the line section between bus 294 and 
bus 69 is presented in Fig. 5. The calculations show that the 
line has been overloaded several time in situation 3 only. This 

is mainly due to the increased reactive power consumption of 
the wind farms. 

The computation time for a 1000 cases and a 300 bus 
network is reasonable. It took only about 5 minutes for each 
studied situation on an average multi-core processor laptop. 

 
 

 
Fig. 3. Voltage magnitude of bus 92 

 
Fig. 4. Voltage magnitude of bus 118 

 
Fig. 2. Active power of the wind farm connected to bus 119 

 
Fig. 5. Loading of line section between bus 294 and bus 69 
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IV. CONCLUSIONS 

The developed algorithm provides fast probabilistic 
assessment of the impact of renewable energy sources on the 
power flows of the medium voltage grids. The algorithm can 
be easily implemented in any open source software for 
classical power flow. 

The paper presents the application of the algorithm for 
evaluation of the voltage levels as well as for determining the 
overloaded grid elements. 

Another interesting conclusion is that for MV grids with 
small cross-section conductors it is preferable to control the 
wind turbines with reference voltage rather than reference 
reactive power control. Moreover, the wind turbines would 
have positive impact on the voltage magnitude in terms of 
maintaining good levels on the entire line. Along with this, the 
cross-sections of the first few line sections may need to be 
increased for precaution of overloading. 
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Optimal Modules Deployment  
in Large-Scale Photovoltaic Plants 

Dimitar Dimitrov1, Atanas Iliev2, Nevenka Kiteva Rogleva3

Abstract –Operation with using the feed-in tariffs of 
photovoltaic power plants, even with small improvements or 
optimizations may lead to considerable financial benefits. In this 
paper is presented a method for increasing a photovoltaic 
generator power availability by proper sorting of photovoltaic 
modules. For this, it is analysed generator’s behaviour of 
photovoltaic modules that have variations in current-voltage 
characteristics. The sorting is done in order to minimize the 
mismatch losses. The total gain may increase the generated 
power of few percents.  

 
 

Keywords – Photovoltaic systems, mismatch, photovoltaic 
module plan, photovoltaic plant optimization. 

I. INTRODUCTION 

The governmental support, mainly through the feed-in 
tariffs, followed by a mass production of photovoltaic 
modules, resulted in building of a huge number of 
photovoltaic power plants with installed power above 100 
kWp all over the world. The number of such systems has 
rapidly grown from year-to-year. By the end of 2012, the total 
installed capacity was estimated to about 100 GWp. This 
increasing trend is expected to continue [1]. 

Along to the installation expansion, the plant design and 
engineering approaches have been constantly developing. This 
resulted to various system concepts (centralized, decentralized 
etc.), improved component (i.e. inverter) efficiency, and better 
component adaptability [2]. 

The commercially available photovoltaic modules (i.e. with 
mono- and poly- crystalline solar cells) constantly decrease 
their price at the same time, slightly increase the efficiency. 
However, the production process still hasn’t resolved the 
issues related to the variations of the I-V characteristics and 
the related parameters values. The module sorting according 
the output maximal power point measurements before the 
delivery is not sufficient for optimal system design. The 
modules are supplied by their peak power tolerance, which 
usually ranges ±3 %, or at some manufacturers, 0 – +3 %, or 
0 –+5 %. These variations, when the modules are connected in 
parallel strings, lead to operational mismatch losses in the 
photovoltaic generators. The situation becomes worsen when 
current and the voltage values additionally vary [2]. 

In some cases, the mismatch losses may approach to more 
than 5 %, which would lead to a considerable financial loss, 
usually omitted during the plant design. In this paper, the 
issues connected to mismatch effects, and proposed a method 
for sorting the photovoltaic modules, is elaborated. It is 
proposed a method for module classification (sorting) and 
estimated benefits from it. 

II. MISMATCH LOSSES IN PHOTOVOLTAIC 
GENERATORS 

Photovoltaic generators are consisted of number of strings. 
Each string contains a number of photovoltaic modules 
connected in series (Fig. 1).  In this regard, the total voltage in 
a string is a sum of the voltages of each module, while the 
current in all modules has a same value. In this regard, it is 
clear that all the modules should have nearly identical shape 
of the I-V characteristic. However, even slight I-V 
characteristics variations, may result in considerable 
decreasing of the total expected power, as well as in 
appearance of heat losses in modules with weaker 
characteristics. This will be explained with two indicative 
examples [3]. 

First we will consider a string that is consisted of two 
photovoltaic modules, having apparently different I-V 
characteristics (Fig. 2). It may be noted that the aggregate 
characteristic turn to be defected. When, in parallel to the 
modules diodes are connected, the power characteristic 
consequently will contain two local maximums, no one equal 
to the sum of the two separate maximal power point values. 
For a range of load values, the second module will dissipate 
power. This effect is regularly avoided by placing bypass 
diodes the module [2]. In such case when only one cell is not 
capable to generate enough current, the whole group of 
bypassed cells will not participate to the total string voltage. 

1Dimitar Dimitrov is Assistant Professor, 2Atanas Iliev is Full
Professor and 3Nevenka Kiteva Rogleva is Research and Teaching
Assistant at the Faculty of Electrical Engineering and Information
Technologies at University “Sts. Cyril and Methodius” in Skopje,
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Similarly, when two photovoltaic modules are connected in 
parallel, the total current is a sum of the currents of the 
separate modules. However, the module voltage is equal to 
booth modules. Fig. 3 shows that, when the I-V characteristic 
varies, the collective characteristic is deformed and the 
aggregated power has lower value than the sum of the power 
values at the maximum point. Depending on the load, the 
module with the lower voltage my dissipate power. This may 
be avoided by placing blocking diodes [2].  

When the generator is consisted of strings with more 
photovoltaic modules, the total I-V characteristics might show 
high deviation. On Fig 4 the I-V characteristic of a 
photovoltaic generator consisted of 4 strings with 20 modules 
per string is shown. It is obtained for modules having ±5 % 
value variation of the shortcut circuit current Isc and open 
voltage circuit voltage Voc. 

III. ESTIMATION OF THE PHOTOVOLTAIC 
GENERATOR OUTPUT 

There are several analytical models for describing the I-V 
characteristics for photovoltaic modules [2]. The more precise 
ones show a transcendental relation between the current and 
the voltage and it is hard to work with. The complexity 

becomes greater in case of multi-module photovoltaic 
generators consisted of non-identical characteristics [4]. In 
such cases the currents in the strings are limited to the current 
value at the maximal power point of the module with the 
lowest MPP current value. The total voltage of the generator 
corresponds to the minimal value of all voltages from all 
parallel strings. These principles are descriptively given in 
Fig 5. The consequence of the mismatched modules result 
only by non-generated power and the losses for the power 
dissipation are omitted. It is acceptable since the power 
dissipation is not significant for modules with small difference 
of I-V characteristics. 

Manufactures sort the modules according to their maximal 
point power which is declared for a range of (few) percents. 
However, in order to provide the optimal power usage, in pre-
installation phase, when making a module deployment plan 
for large-scale photovoltaic plants, to minimize the unused 
available power, the modules should be deployed according to 
their current values. For this, the module manufacturer should 
perform module testing, and provide the data to the 
consumers. The sorting has been performed according to the 
maximal point power values of the modules’ current.  

The optimal module deployment, for large-scale 
photovoltaic plants may be a time-consuming job and engage 
additional human labor during installation phase. However, 
the benefit from the optimal deployment usually justify these 
extra activities. In this paper is examined the benefits from the 
module sorting.  

The example system is consisted of 8 Siemens PVM20 
inverters and 640 photovoltaic modules Risen Energy 
SYP250M photovoltaic modules. The modules measured data 
is declared as sample, and provided by the modules’ 
manufacturer. The modules are declared for power of 250 Wp, 
with power tolerance of 3 %. The total number of modules is 
672, however 32 modules have not been installed. In each 
inverter there are connected 4 strings consisted of 20 
photovoltaic modules. Each inverter has one MPP tracker. 

 

 

 

Fig. 2. Mismatch of parallel connection  

 

Fig. 3. Mismatch of series connection 

 

Fig. 4. Aggregate I-V characteristic of photovoltaic generator 
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On Tab. I are shown string data in cases when photovoltaic 
modules are unsorted and sorted. There are given currents of 
the photovoltaic modules with minimal current values in each 
string. Total string voltages and total power values are also 
given. There are also given the maximal difference of the 
maximal power point currents between the modules in each 
string. All the values are at modules’ maximal power point. 

On Tab. II are given parameters of inverters: the total 
voltage, the available power, the measured power and the 
difference between the available and the measured power. At 
the end, the total power difference has been given. 

As can be seen from the results given in the Tables, the 
total available power of the unsorted modules is 
158.771 kWp, while the total measured MPP power is 
161.003 kWp, and the difference is 2.232 kWp. Consequently, 
by sorting, the total power difference 314 Wp.  

Despite the difference in the given example are rather 
small, it shows a guideline for module sorting. However, the 
considered modules are with the rated power of 250 Wp, 
which belongs at higher values in the range of modules with 
the same size. Modules, from the same type and manufacturer, 
and the same size with lower rated power (ex. 220 Wp), due 
to lower efficiency regularly have lower price per Wp, and the 
practice show that the measured power difference between 
modules is higher. This means that the module deployment 
with previous sorting may lead to increased power 
availability. 

 
 

IV. CONCLUSION 

In this paper is presented a simple sorting method for 
increasing the power availability of photovoltaic generator in 
the large-scale plants. 

The benefit from the module deployment plan is generally 
few percents. Having in mind the high feed-in tariffs, the 
invested efforts for module deployment plan can certainly be 
cost-effective. 

More significant results can be obtained by using modules 
belonging to lower rated power values at the product range 
and photovoltaic plants with higher installed capacity. 

The optimal module deployment plan is applicable to 
photovoltaic system topologies with decentralized (string) 
inverters, but also in systems with centralized inverters. 
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Fig. 5. Principles for estimation of string current and voltage 

331



 
 
 

 

TABLE I 
STRING PARAMETERS FOR UNSORTED AND SORTED PHOTOVOLTAIC MODULES 

UNSORTED SORTED 

String Min. 
current [A] 

Max. current 
difference [A] 

Total 
voltage [V] Power [W] String Min. 

current [A]
Max. current 
difference [A] 

Total 
voltage [V] Power [W] 

1.1 8.34 0.06 599.1 4996.1 1.1 8.18 0.07 610.0 4989.4 
1.2 8.37 0.08 598.2 5007.3 1.2 8.25 0.02 608.1 5016.9 
1.3 8.23 0.14 599.9 4937.3 1.3 8.27 0.01 607.2 5021.8 
1.4 8.32 0.08 600.1 4992.9 1.4 8.28 0.02 605.9 5016.5 
2.1 8.29 0.12 600.0 4974.0 2.1 8.30 0.01 605.3 5023.7 
2.2 8.26 0.14 599.9 4955.3 2.2 8.31 0.02 603.9 5018.6 
2.3 8.34 0.06 599.3 4998.2 2.3 8.33 0.00 603.9 5030.3 
2.4 8.25 0.16 601.4 4961.2 2.4 8.33 0.01 603.3 5025.7 
3.1 8.30 0.04 600.5 4984.5 3.1 8.34 0.01 603.0 5029.1 
3.2 8.24 0.08 602.0 4960.7 3.2 8.35 0.00 601.7 5023.9 
3.3 8.33 0.08 599.9 4996.8 3.3 8.35 0.01 602.6 5031.4 
3.4 8.31 0.14 599.3 4980.3 3.4 8.36 0.00 600.8 5022.8 
4.1 8.30 0.07 599.8 4978.3 4.1 8.36 0.01 601.6 5029.4 
4.2 8.33 0.01 600.1 4998.5 4.2 8.37 0.00 599.6 5018.7 
4.3 8.33 0.06 598.8 4988.0 4.3 8.37 0.00 600.7 5028.1 
4.4 8.23 0.08 599.5 4934.0 4.4 8.37 0.01 600.6 5026.7 
5.1 8.24 0.15 598.8 4933.8 5.1 8.38 0.00 599.9 5026.8 
5.2 8.27 0.02 601.5 4974.0 5.2 8.38 0.01 600.4 5031.7 
5.3 8.27 0.00 600.8 4968.2 5.3 8.39 0.00 599.5 5029.5 
5.4 8.34 0.12 598.5 4991.3 5.4 8.39 0.00 599.6 5030.2 
6.1 8.26 0.10 598.6 4944.5 6.1 8.39 0.01 600.0 5034.3 
6.2 8.28 0.12 602.4 4987.9 6.2 8.40 0.00 599.5 5035.4 
6.3 8.26 0.11 602.2 4973.9 6.3 8.40 0.00 599.3 5034.0 
6.4 8.26 0.02 600.9 4963.6 6.4 8.40 0.01 598.8 5029.6 
7.1 8.25 0.13 601.8 4964.7\ 7.1 8.41 0.00 599.0 5037.3 
7.2 8.27 0.14 599.3 4956.3 7.2 8.41 0.01 598.3 5032.0 
7.3 8.31 0.03 600.3 4988.6 7.3 8.42 0.00 598.0 5035.4 
7.4 8.22 0.20 604.6 4969.4 7.4 8.42 0.00 597.5 5031.0 
8.1 8.27 0.01 601.8 4976.5 8.1 8.42 0.01 597.9 5034.1 
8.2 8.18 0.03 609.2 4983.3 8.2 8.43 0.00 598.2 5042.7 
8.3 8.24 0.13 604.5 4981.4 8.3 8.43 0.01 598.3 5043.2 
8.4 8.27 0.14 602.3 4981.2 8.4 8.44 0.01 597.3 5041.3 

TABLE II 
INVERTER PARAMETERS WITH UNSORTED AND SORTED PHOTOVOLTAIC MODULES 

UNSORTED SORTED 
Inv. Voltage [V] Power [W] MPP Power [Wp] Power Diff. [W] Inv. Voltage [V] Power [W] MPP Power [Wp] Power diff. [W]

1 598.2 19897.5 20138.7 241.2 1 605.9 19981.3 20088.4 107.1 
2 599.3 19861.1 20136.3 275.2 2 603.3 20072.8 20109.5 36.7 
3 599.3 19885.1 20140.0 254.9 3 600.8 20067.1 20110.7 43.7 
4 598.8 19874.2 20097.4 223.2 4 599.6 20068.6 20107.3 38.7 
5 598.5 19821.7 20107.3 285.7 5 599.5 20105.9 20119.7 13.8 
6 598.6 19790.0 20114.2 324.2 6 598.8 20112.3 20140.7 28.4 
7 599.3 19807.2 20129.0 321.8 7 597.5 20111.9 20136.3 24.5 
8 602.3 19834.4 20140.4 306.0 8 597.3 20159.2 20180.8 21.6 

Total power difference   2232.1 Total power difference 314.5 
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Benefits of 6 kV Smart Grid Implementation in Open Cast 
Coal Mine Suvodol - REK Bitola 

Ljupco Trpezanovski1 and Jove Gjorgjijovski2 

Abstract – In this paper is presented the benefits of 6 kV radial 
distribution network upgrading into Smart Grid in the open cast 
coal mine Suvodol – Rek Bitola. Generally the needs and reasons 
for implementation of new type of distribution networks called 
Smart Grids instead of classical distribution networks, are 
explained. Also, a comparison between the performances of 
ordinary radial network and Smart Grid is performed. The 
benefits and advantages of Smart Grid implementation in the 
open cast coal mine are described in details. Analyze of 
interruptions duration in the past period when the network in 
the mine was classical distribution network and the period with 
Smart Grid implemented, is conducted.  
 

Keywords – Distribution network, Smart Grid, Energy 
efficiency, Dispersed generation. 

 

I. INTRODUCTION 

The main role of the electrical distribution networks is to 
deliver electricity to the consumers on efficient, safe, reliable 
and economically way. Recently, with the changes that 
occurred in the electricity sector and the possibility of open 
access to the other legal entities on the distribution network, it 
is possible involvement of independent producers of 
electricity so-called dispersed production (DP). Widely used 
definition for dispersed production [1] is production of 
electricity which is: not centralized planed, not governed by 
the dispatching center, connected on to distribution network, 
with power plants less than 50-100 MW. The power plants of 
dispersed production can use renewable energy sources (solar 
power plants, wind farms and small hydro plants), or 
nonrenewable energy sources (natural gas plants, biogas 
plants, geothermal plants, etc.).  

Presence of dispersed power plants connected in different 
nodes, radically change the working conditions and concept of 
the distribution network in comparison with classical 
distribution network without dispersed production. In 
distribution networks with dispersed production, load-flow is 
not from one point (supplying high/middle voltage 
transformer) to the rest elements of the network. Concerning 
the values and distribution of voltages, power and energy 
losses it is obvious that differences depend of the working 
state. Dispersed power plants in different nodes of distribution 
network, contribute to significant increasing of fault currents. 
Very important difference is in the concept, types and settings 
in the relay protection.  

Taking into account all mentioned changes which occurred 
in distribution networks with dispersed production, it is 
obvious that the new ways for governing, planning, 
maintenance, exploitation and analyze of these networks, must 
be applied. 

Nowadays, with wide application of SCADA systems, 
PLC-s, digital protection, different appliances and protocols 
for data communications and power computers in distribution 
networks, a very efficient distribution of electricity is 
achieved. These modern intelligent distribution electrical 
networks, popularly called Smart Grids, provide intelligent 
integration of the functioning of all users which are associated 
in the network and energy supply on economic and safe way, 
with greater level of reliability, power quality and reduction of 
network power/energy losses. 

Few years ago, an old 6 kV distribution network in open 
cast coal mine “Suvodol” was upgraded into Smart Grid. This 
network enabled more effective and greater production with 
low level of faults and interruptions.  

II. COMPARISON BETWEEN SMART GRID AND 
CLASSICAL  RADIAL DISTRIBUTION NETWORKS 

The main purposes of companies which are owners or 
manage the classical distribution networks are to upgrade and 
transform these networks into modern, intelligent and efficient 
type of networks as Smart Grids. Taking into account 
possibilities for implementation microprocessor based 
equipment and reliable appliances and protocols for 
communication in middle voltage distribution networks, two 
main concepts as control and supervise used in Smart Grids 
can be connected with classical electrical engineering and 
electrical equipment. In table I, the main performances of 
classical distribution networks and Smart Grids are compared. 

TABLE I 
COMPARISON BETWEEN TWO TYPES OF DISTRIBUTION NETWORKS 

Classical networks Smart Grids 
Electromechanically 
management 

Digital management 

One way communication Two ways communication 
One point of energy supply Few points of energy supply 
Hierarchical structure Network structure 
Small number of sensors Big number of sensors 
Manually restart  Automatically restart 
Limited control Full control 
Few possibilities for load 
connection 

Lot of possibilities for load 
connection 

Supplying interruption in 
case of faults  

Flexible supplying with 
fault isolation   

1Ljupco Trpezanovski is with the Faculty of Technical Sciences at  
University St. Clement Ohridski – Bitola, I. L. Ribar bb. 7000 Bitola, 
Republic of Macedonia, E-mail: ljupco.trpezanovski@uklo.edu.mk.   

2Jove Gjorgjijovski is with the Power Plants - REK-Bitola, Coal 
mine Suvodol, 7000 Bitola, Republic of Macedonia. 
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Upgrading and transformation of classical distribution 
networks into Smart Grids are complex processes which need 
time and investments. With implementation of information 
technology, networking structure of management and 
communication among loads, dispersed production and 
middle voltage electrical equipment, classical distribution 
networks become efficient Smart Grids [2], [3].  

III. GENERAL BENEFITS OF SMART GRIDS 
IMPLEMENTATION 

Nowadays, application of Smart Grids for electricity 
distribution, offers lot of solutions and benefits for the 
electricity consumers, producers, power distribution 
companies and society in generally. The main benefits of 
Smart Grids application are [4]: 
- decrease of interruptions in electricity distribution systems; 
- decrease of power and energy losses; 
- increase of energy efficiency; 
- enable application and power/energy management in micro 
grids; 
- greater efficiency in electricity production and consumption; 
- higher resistance for negative influences in network; 
- ability for faster restarting; 
- better control for electricity consumption in network; 
- distribution of quality electricity; 
- increasing of network performances; 
- decreasing of load peak power; 
- enable better connection of dispersed production; 
- decrease the negative influence on the environment; 
- decrease the expenses for network maintenance, etc. 

It is obvious that all mentioned benefits of Smart Grids 
confirm the reasons for their application in commercial and 
industrial purposes. 

IV. SMART GRID IMPLEMENTATION IN OPEN CAST 
COAL MINE SUVODOL 

The system for transportation of excavated earth called “0”-
BTO system in open cast coal mine “Suvodol” in REK Bitola 
was consisted of four driving stations, connected on 6 kV 
distribution network. At the beginning this network was 
controlled and managed with electromechanical devices. In 
that period there were a lot of interruptions with long duration 
on the process of transportation of excavated earth. The 
reasons for these interruptions were faults caused by modest 
information about working data, shortage of communications 
and exchanging of data among electrical equipment and 
dispatching center, limited possibilities of relay protection, 
manually manipulations, etc. As the result of the interruptions 
a capacities for earth excavation and deferment were limited. 
Therefore, in 2003 a reconstruction and upgrading of whole 
distribution system were performed.  The managing and 
control of the working conditions for all four driving stations 
were performed by the personal computer built in dispatching 
center. Applying programmable logic controllers (PLC) 
Simatic generation S7-300 built in dispatching center and 
driving stations, the whole processes starting from electricity 

distribution and excavated earth transportation were 
automated and controlled. Separately, in each driving station 
was built a control panel OP7 for local control and 
signalization. The hardware structure for the SCADA system 
is given on Fig. 1.  

 
The software package WinCC V6.2 was used for visualization 
of all events during the working processes. The base state of 
the system for earth excavation, transportation and deferment 
shown on the monitor in dispatching center was as it is shown 
on Fig. 2. 

 
All driving stations OT1, BTJ2, BTJ1 and ETJ3 were 

approximately the same and consisted of 6 kV substations 
with: 
- input and measuring cabinet; 
- cabinet for 160 kVA transformer; 
- connection cabinet and 
- four cabinets for 4 induction motors each of 500 kW. 
The low-voltage part of substation consisted of input and 
measuring cabinets and transformers 380/220 V/V, 220/220 
V/V and 220/24 V/V. 

V. COMPARISON OF PRODUCTIVITY AND 
DURATION OF INTERRUPTIONS 

The “0”-BTO system for excavated earth transportation and 
deferment in open cast coal mine “Suvodol” was working 
from year 2000 to 2009. At the beginning from year 2000 to 

 
Fig. 1. SCADA hardware structure of the Smart Grid 

 
 

Fig. 2. Visualisation of “0”-BTO system (base state). 
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2003 the control and managing of the distribution system 
processes for excavated earth transportation and deferment 
were on electromechanically way. In 2003 was introduced 
automation and distribution system was upgraded into Smart 
Grid. Unfortunately this Smart Grid was working till 2006. 
Because of unjustifiable decisions of the coal mine managing 
team at that time, in 2007 the control and managing of the 
“0”-BTO system was returned to electromechanical way. 

In table II is given comparison on excavation capacity of 
“0”-BTO system between periods when the system was 
working on electromechanical way (2000-2003 and 2007-
2009) and period when the system was working as a Smart 
Grid (2003-2006, given with bold numbers). 

TABLE II 
    COMPARISON ON EXCAVATION CAPACITY OF “0”-BTO SYSTEM 

Year Planned (m3) Realized (m3) Coefficient (%) 
2000 4.500.000 3.523.377 78 
2001 5.800.000 6.422.286 111 
2002 5.621.000 6.827.546 121 
2003 5.430.000 6.054.377 112 
2004 5.421.400 6.427.205 119 
2005 5.584.000 7.557.529 135 
2006 5.500.000 6.700.203 122 
2007 5.883.000 5.997.215 102 
2008 3.505.000 3.692.053 105 
2009 4.500.040 4.904.664 109 
Total 51.744.440 58.106.455 111 

  
From the presented results it is obvious that in the period 

when the system was working as a Smart Grid, the capacity of 
excavated earth was the biggest. For these four years the 
average coefficient of realization was 122%. In the rest two 
periods when the system was working with electromechanical 
control and management, the average coefficient of realization 
was 104%. 

During the process of exploitation of  “0”-BTO system, a 
lot of interruptions were occurred. In table III, the durations of 
interruptions in each year of exploitation from 2000 to 2009 
are given.     

TABLE III 
   COMPARISON OF INTERRUPTIONS DURATION ON “0”-BTO SYSTEM 

Year 2000 2001 2002 / 
Interruptions (h) 2785 2820 2914 / 

Year 2003 2004 2005 2006 
Interruptions (h) 2447 2308 2196 2218 

Year 2007 2008 2009 / 
Interruptions (h) 2624 2819 2568 / 

  
 
 
 
 
 
 

With bold numbers are stressed data for the period from 
2003 to 2006, when the system was exploited as Smart Grid. 

The average duration of interruptions per year in the period 
from 2000 to 2002 and 2007 to 2009 is 2775 h. In the second 
period from 2003 to 2006 the average duration of 
interruptions per year is 2292 h. The average duration of 
interruptions in the period when the system was working with 
control and management on electromechanical way is more 
than 20 days in comparison with the period when the system 
was working as a Smart Grid. For the longer period of 
interruptions for 20 days, the capacity for earth excavation, 
transportation and deferment was reduced for more than 
366.000 m3 [5]. 

VI. CONCLUSION 

Implementation of information technology and automation 
for control and management of radial distribution networks 
with (or without) dispersed generation, enable efficient, 
reliable and safe distribution of produced and consumed 
electricity in these networks. In the last few years lot of 
distribution companies invest in reconstruction and upgrading 
of classical electromechanical controlled and managed 
distribution networks in to modern Smart Grids. The 
advantages of Smart Grids are explained in this paper and 
confirmed on real case of 6 kV distribution network. The ten 
years period of exploitation of “0”-BTO system for earth 
excavation, transport and deferment in the open cast coal mine 
in REK Bitola was divided in two parts. The first one was the 
period when the system was working as ordinary distribution 
system controlled and managed on electromechanical way. 
The second part was the period when the distribution system 
was working as Smart Grid. Two periods were compared in 
capacities of earth excavation, transport and deferment and 
duration of interruptions. Taking into account relevant data, it 
was shown that the period when the network and system was 
working as a Smart Grid, the efficiency was better and 
durations of interruptions were shorter. It can be concluded 
that the application of Smart Grids in commercial and 
industrial purposes has a lot of benefits.  
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Abstract: This study presents an analysis about grounding 
system of the thermal power station Oslomej and the objects 
that are located in the area. Using the software package 
NEPLAN 5.2.2. it is made a model of medium voltage network of 
the thermal power plant and it is estimated current value when 
single phase short circuit happened on 110 kV side of the 
switchgear. 

 
Keywords: grounding system, one phase short circuit current,  

touch and step voltages.  
   

I. INTRODUCTION 

  Thermal power plant Oslomej is complex 
technological and technical unity consist by mine with surface 
exploitation of minerals and thermal power plant along with 
object located in the area. Thermal power plant through 110 
kV switchgear  is connected with the high voltage transmition 
system of Republic of Macedonia, with three power lines, 
towards substation 110 kV – Kicevo, substation 110 kV – 
Vrutok, substation 110 kV Samokov. On the 110 kV 
switchgear is connected generator G1 with block transformer 
AT1 through witch is connected to power grid. Also in the 
thermal power plant are located transformer BT1 and 
transformer BT2, whose role is to supply the electricity 
consumption it the power plant, asynchronous motors, 
including coal mills, smoke ventilator, cooling water pump, 
power pump, fresh air ventilator, compressors etc.  Nominal 
data of the elements are given in follow: 
Nominal data for АТ1 are: 
- P = 150 (MVA);  
- Un= (110/13,8) kV: Yd5 
Nominal data for transformer ВТ1 are:  
- P = 25 (MVA); 
- Un = (115/6.3) kV, Yd5 
Nominal data for transformer BT2 are: 
- P = 40/20/20 MVA   
- Un = (115/35/6.3) kV, Yy0d5 
 In the thermal power plant Oslomej is performed 
complex grounding system, set as earthing mesh that connects 
all electrical equipment in the plant, affecting the entire area 
inside the fence, with ancillary facilities.  Mutually connected 
are grounding of elements in TPP Oslomej and parts of the 
switchyard 110kV plant in the TPP, 110kV power plant and 

conveyors for supply of coal from the mine to the plant 
storage. 

II. GROUNDING SYSTEM 

A. External grounding system of TPP Oslomej 
 
 The complex facilities of TPP Oslomej, is set earthing 
mesh on wich is connects all metal equipment. Earthing 
connection of the equipment is performed as follows: 
- Metal parts such as: iron constructions, pipelines with 
bigger thickness, fences and other material, are welded 
galvanized strip FeZn 25x4mm. Welded place of the 
galvanized strip is protected against corrosion by coating with 
minimal dye and sealed with bitumen. The conection is 
performed with terminal with sealing lead.  
- Intersection of the two alignments of earthing is realized 
with electric terminal of bronze and coupling location is 
protected from corrosion by sealing bitumen. 
- The connection with copper cable Cu 50mm² and 
galvanized strip is brought by a combination of two terminals.  
- Between Copper and terminal lead is inserted, and the 
connection is isolated against corrosion. 
- Grounding of the outer fence is performed with copper 
rope Cu 50mm². The rope is placed at a distance of 1m 
outside of the fence and a depth of 0.5m. 
- Lightning protection is connected to the earthing mesh 
with copper rope Cu 50mm ². 
 
B. Connecting grounding of complex objects  TPP Oslomej to 
grounding 110kV swichyard 

 Connection of grounding of complex objects TPP 
Oslomej with the 110kV switchyard is performed through 4 
copper ropes Cu 50mm ².  Ropes are placed under the cable 
channel that connects the complex structures of TPP Oslomej 
and 110 kV switchyard, on every 50m ropes are all bound 
together by transverse link. Copper ropes Cu 50mm² are 
serving to even the potential between two objects, Copper 
ropes Cu 50mm ², used for potential leveling between two 
objects and are merged transmission lines about connection of 
switchgear and transformers. 
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C. Grounding system of 110 kV switchyard 
 
 Grounding system of 110kV switchyard at TE 
Oslomej is designed as earthing mesh by placing copper cable 
Cu 50mm² into the earth at depth of 0,8 m . To this earthing 
mesh is connected all equipment located within the facility, 
including: 
- Switches, each gender separately 
- Output disconnectors each pole separately 
- Current Transformers 
- Voltage Transformers 
- Portal concrete poles 
- Command equipment 
- Electrical equipment in building 
- Iron carriers of devices and iron structures that come under 
voltage 
- Protective ropes of transmission line 
 Grounding system of 110kV switchyard is made based on: 
network of 110kV switchgear is with direct ground neutral 
conductor, and all protective earthing  at all voltage levels are 
connected together on the same common earthing and on the 
voltage level 0,4 kV is implemented TN earthing system.  

III. ESTIMATION & RESULTS 

 А. Current value injected in the grounding system in case of 
a short circuit 110kV side  

 
 Fig. 1. Modelling the TPP Oslomej with software 

package NEPLAN 5.2.2 
 
 During the analysis of the grounding system, the 
problem with export potentials and protection from hazardous 
touch and step voltages, we take the single phase short circuit 
110kV side of the plant switchyard as the most suitable for 
this kind of analysis. 

In case of single phase short circuit in switchgear 110/35/6 
Elektrana, current is distributed to all earthing system as 
earthing of 110 kV poles, earthing of 110/35/6 Elektrana and 
grounding system of mine. 
Using the software package NEPLAN 5.2.2 it is made 
electricity grid of MV of TPP Oslomej and it is estimated the 
value when single phase circuit happened on the 110 kV 
switchyard. Elements modeling is according to the standard 
models for the analysis of short-circuit. 
 

TABLE I 
CURRENT VALUE WHEN SINGLE SHORT CIRCUIT HAPPENED ON 

110kV SWITCHYARD 
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B.  Resistance of earthing mesh at TPP Oslomej 

 For dimensioning and calculation of grounding 
resistance there are taken in mind the following data: 
 I ''

k  = 11 122 A - current value injected in the grounding 
system in case of a short circuit 110kV side, has two 
components:  
 I ''

km = 8 122 A – component of short circuit on the network 

  I ''
kc = 3 000 A – component of short circuit on side of 

power plant 
 ρ = 110 Ωm – specific resistance of the ground 
 F = 150 000 m² - surface area covered by the complex of 
facilities in TE Oslomej. This surface is obtained as a product 
of length A = 500m and width B = 300m.  
Using empirical formula earthing mesh is calculated: 

                 
⎥⎦
⎤

⎢⎣
⎡ Ω== 2

''

96.5)(
m
mA

F
IB kmρ

                    
(1) 

The surface area F=150000mm² where lies the earthing grid is 
approximated as rectangular. 
 m = B/D + 1 = 300/50+1 = 7, the number of lines parallel 
to side A 
 m = A/D + 1 = 500/50+1 = 11, the number of lines 
parallel to side A 

 

Fig. 2. Surface area of spreading the earthing mesh 
 

The total length of mesh earthing is: 

          L= mA+mB= 7·500+11·300=3500+3300=6800m     (2) 

Grounding resistance is  : 

                    
⎥
⎦

⎤
⎢
⎣

⎡
−+= 21

1
11 )2ln( k

F
Lk

a
L

L
R

π
ρ (Ω)          (3) 

  ρ - (Ωm) specific resistance of ground 
 L - (m) active length of earthing  

                                   hda ⋅=1 (m)  

                  
23

1 1048,88.0109 −− ⋅=⋅⋅=a                  (4) 

 1d  - (m) conductor diameter  
 h - (m) conductor setting depth 

 F - (m²) area included in the earthing 
 k1 =1.32, k 2 =5.53 (coefficients according to TP-23) 
Grounding resistance is: 
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C. Calculation of step voltage using the empirical formula 
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D. Touch voltage calculation using the empirical formula 
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 When single phase short circuit happend on 110 kV side 
of switchyard Oslomej because of the direct earthing on 110 
kV side of the transformers, all grounded metal parts will get 
a certain potential. Measured values are given in Table 2 at 
measuring currents A, which should be reduced to the value 
of real single phase short circuit, by the coefficient of single 
phase short circuit, which is:  

                      k=Izk / Im = 11 122 A / 18 A = 618            (12) 

 Izk a short circuit current of single phase 110 kV busbars 
received with the software package Neplan 5.2.2. 
 Im is the measured current at the time of measurement
 Touch voltages are measured using a resistor of 1000 Ω, 
which stimulates the resistance of the human body. The 
measured voltages are multiplied by the coefficient k = 618 to 
get the touch voltages at single phase short circuit on110kV 
side. 

                              Udk110 = k·Udm                                 (13) 
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Table II 
Toucht voltages in some terminals at the power plant when 

single phase short circuit happened at110 kV switchgear 
(Ref.[7]) 

 Terminal 
Udm (V) 
when R 
=1000Ω 

Udk11
0 = k 
Udm 

1 Candelabra No.1 under dump coal 0.003 1,85 

2 
Candelabra near dump coal 
facility 0.003 1,85 

3 Strip no.1 equip coal 0.005 3,10 
4 First column of the skew bridge 0.009 5,56 
5 Metal construction  on tape UT12 0.007 4,33 
6 TS -15  6/0,4kV 0.008 4,94 
7 Reservoirs on compressor station 0.007 4,33 

8 
Candelabra near mincers on 
western side 0.012 7,42 

9 Hydrogen station 0.005 3,10 
10 Metal fence of blog transformer 0.019 11,74 

11 
Fence of measuring transformer 
110kV - western side 0.004 2,47 

12 
Column for speaker on fire 
protection station 0.005 3,10 

13 
Hydrant at the entrance of the 
administrative building 0.03 18,54 

14 
Small candelabrum before the fuel 
oil station 0.005 3,10 

15 Water reservoir 0.008 4,94 

16 
Fire detection installation on fuel 
oil reservoir  0.006 3,71 

17 Station for gas emissions 0.006 3,71 
18 Upper Gate 0.037 22,87 
19 Upper Gate,with water on cement 0.053 32,75 
20 Fence, the right of the upper gate 0.204 126,07 

21 
Fence towards administrative 
buildings - right 0.008 4,4 

22 
Fence towards administrative 
buildings - left 0.012 7,42 

23 
Candelabra between 1 and 2 
building 0.007 4,33 

24 Earthing of building 1 0.005 3,10 
25 Distributing panel of building 1 0.024 14,83 

26 
On the Fe-Zn tape of the lower 
port of fence 0.195 120,51 

27 Fence from parking - west 0.032 19,78 
 

E. Resistance of earthing mesh at 110kV switchyard  

 Switchyard 110kV at TPP Oslomej consists 9 fields 
such as TR BT1, ТR BT2, AT1, a junction field, 
measurements field, reserve, fiend for connection with 
Kicevo TS 110, TS 110 Gostivar, TS 110 Samokov (Fig.3), 
and covers an area of 27,5x81m. According to the dimensions 
of the earthing covering 110kV switchgear, depth of 
placement of the rope and the quality of land can be 
determined resistance of spreading the earthing as follows: 

                                      lD
R ρρ

+=
2

(Ω)                          (14) 

 ρ = 110 Ωm – specific resistance of ground 
 l = 1300 cm – length of the rope  
 D = 1, 13 S   = 72m - diameter 

 S = 40x100 = 4000m² - area included in the earthing  

 

Fig. 3. Modelling the earthing mesh at 110kV switchyard  
 

Resistance of earthing mesh at 110kV switchyard is: 

                           )(85.0
1300
110

722
110

Ω=+
⋅

=R                  (15) 

Resistance of earthing mesh of 110 kV switchyard 
is Ω= 85.0R . In addition, also given percentile values of 
touch and step voltages 5.2% =Ed  и 5.2% =Ec . 

IV. CONCLUSION 

 By analyzing the grounding system, and performed 
measurements, can be determinate the risks of to high 
voltages and critical points in the network, and then propose 
the corresponding technical solutions for proper care and 
proper design of grounding system. According to calculations 
touch and step voltages, are in accordance with existing 
regulations, by which inside the plant are limited to 250V, on 
the outside are limited to 125V, during off t = 0.25sek. 
 On the external fence of high voltage power plants 
permitted touch voltage are limited to 65V, therefore 
according to the data in Table 2, for positions no.20 and no.26 
recommends performing local earthing and should be 
connected to main earthing mesh of the power plant. 
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The State of Renewable Electricity –  
Worldwide, in EU and in R.Macedonia  

Gordana Janevska1  

Abstract –The paper gives a brief overview of the role and 
importance of renewable energy sources focusing on the power 
sector. From these aspects, the situation worldwide, in EU and in 
the Republic of Macedonia is considered, pointed out the visions 
for the future in this sector.  
 

Keywords – renewable energy sources, renewable electricity, 
potential, strategy 
 

I. INTRODUCTION 

Technological development of civilization causes ever 
increasing electricity demand, while stocks of non-renewable 
energy sources rapidly decrease simultaneously with the rise 
of costly requirements for environmentally acceptable way for 
their conversion into electricity. Awareness of complete 
dependency of civilized society on electricity, and the fact that 
non-renewable sources of energy are limited, cause a change 
in thinking about the cost-effectiveness of electricity 
generation from renewable sources. In this sense, worldwide 
government stimulate not only the development of new 
technology of electricity (and heat) from renewable energy 
sources, but also bring new laws that encourage the wider 
application of existing technologies, aiming to increase the 
share of renewable energy sources (RES) in the total 
production of electricity.  

Global warming along with the need for secure energy 
supply, is increasingly contributing to the need for creating an 
integrated energy strategy at European and national level. The 
time of cheap energy for Europe's past. The challenges of 
climate change, increasing import dependence and higher 
energy prices are faced by all EU Member States.  

The main objectives of EU energy policy are: secure energy 
supply, increase competitiveness, environmental sustainability 
and climate change. In the EU, there is strong political, public 
and economic support for all RES technologies. Directive 
2001/77/EC aims to meet 12% of electricity production from 
RES by 2010. The new Directive 2009/28/EC on renewable 
energy sets binding national targets that member states should 
achieve through promoting renewable energy in the 
electricity, the heating and cooling, as well as in the transport 
sector. This Directive aims to achieve 20% share of renewable 
energy in final energy consumption by 2020. The most recent 
initiatives have already begun the process of transforming 

EU’s energy supply to 100% RES. The EREC in its report 
"RE-thinking 2050" outlines a pathway towards a 100% 
renewable energy system for the EU, as the only sustainable 
option in economic, environmental and social terms. 

The global commitment to environmental protection and in 
particular to reduction of greenhouse gas emissions, 
dependence on energy imports, as well as the need to secure 
greater variety and thereby reliability of energy supply 
undoubtedly impose increased share of RES in the final 
energy consumption in Macedonia. Macedonia is strongly 
energy import dependant. The energy imports have grown 
during the past period, and during the latest few years the 
imports of electricity have grown rapidly. Identified 
objectives of the national energy policy are: to increase the 
use of environmentally-compatible low-cost domestic energy 
sources; to reduce the country's dependence on imported 
fuels; and to implement medium and long term plans for 
development of sectors related to RES. The Republic of 
Macedonia signed the Agreement for Energy Community. 
According to this Agreement the signatories should harmonize 
their national legislations with the existing legislation in the 
European Union (acquis communautaire) related to energy, 
environment, competition, renewable energy sources, energy 
efficiency. From the aspect of legal and institutional 
frameworks, the basic elements related to RES are stipulated 
under the Law on Energy (Official Gazette of RM no. 
63/2006, 36/2007, 106/2008) which - inter alia- promotes the 
use of RES. For the purposes of implementing the provisions 
from the Law on Energy, as well as the Laws indirectly 
connected to the energy sector, appropriate secondary 
legislation has been adopted. In preparation for the adoption 
of EU legislation on RES and its implementation at the 
national level, in 2010 the Government adopted the Strategy 
for the utilization of renewable energy sources in the 
Republic of Macedonia by 2020.  

II. GLOBAL STATE OF RENEWABLES IN POWER 
SECTOR   

Changes in renewable energy markets, investments, 
industries, and policies have been so rapid in recent years that 
perceptions of the status of renewable energy can lag years 
behind the reality. The REN21’s annual Renewables Global 
Status Report captures that reality and provides an overview 
of renewable energy worldwide, showing that the renewable 
energy obtained a great importance in the context of the 
global energy and climate situation. Even in 2009, when up 
against strong headwinds caused by the economic recession, 
low oil prices, and the lack of an international climate 
agreement, renewables managed to hold their own. Indeed, as 
other economic sectors declined around the world, existing 

1Gordana Janevska is with the Faculty of Technical Sciences at
University St. Kliment Ohridski, 7000 Bitola, R.Macedonia, E-mail:
gordana.janevska@tfb.uklo.edu.mk   
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renewable capacity continued to grow at rates close to those in 
previous years, including grid-connected solar PV (53%), 
wind power (32%), geothermal power (4%), and hydropower 
(3%). Exceptional growth has led to changes in the geography 
of renewable energy in ways that suggest a new era of 
geographic diversity.  

RES have grown to supply an estimated 16,7% of global 
final energy consumption in 2010. During 2011, modern 
renewables continued to grow strongly in all end-use sectors: 
power, heating and cooling, and transport.  

In the power sector, renewables accounted for almost half 
of the estimated 208GW of electric capacity added globally 

during 2011. Wind and solar PV accounted for almost 40% 
and 30% of new renewable capacity, respectively, followed 
by hydropower (nearly 25%). By the end of 2011, total 
renewable power capacity worldwide exceeded 1360GW, up 
8% over 2010; renewables comprised more than 25% of total 
global power-generating capacity (estimated at 5360GW in 
2011) and supplied 20,3% of global electricity. Non-
hydropower renewables exceeded 390GW, a 24% capacity 
increase over 2010.  

Renewables represent a rapidly growing share of energy 
supply in a number of countries and regions: 

- In the EU renewables accounted for more than 71% of 
total electric capacity additions in 2011, bringing renewable 
energy’s share of total electric capacity to 31,1%. In 2010 
(latest available data), the renewable share of total electricity 
consumption was 19,8% (up from 18,2% in 2009); 

- In USA, renewable energy made up an estimated 39% of 
national electric capacity additions in 2011. The share of US 
net electricity generation from non-hydropower renewables 
has increased from 3,7% in 2009 to 4,7 % in 2011; 

- China ended 2011 with more renewable power capacity 
than any other nation, with an estimated 282 GW; one-quarter 
of this total (70 GW) was non-hydro.  

Including hydropower, China, USA, Brazil, Canada, and 
Germany were the top countries for total installed renewable 
electric capacity by the end of 2011. The top seven countries 
for non-hydro renewable power capacity (China, USA, 
Germany, Spain, Italy, India and Japan) accounted for about 
70% of total capacity worldwide.  

Even so, renewable technologies are expanding into new 
markets. In 2011, around 50 countries installed wind power 

capacity, and solar PV capacity is rapidly moving into new 
regions.  

At least 118 countries, more than half of which are 
developing countries, had renewable energy targets in place 
by early 2012, up from 109 as of early 2010. Renewable 
power generation policies remain the most common type of 
support policy (at least 109 countries had some type of 
renewable power policy by early 2012). Feed-in-tariffs are the 
most commonly used policies in this sector.     

III. EUROPEAN UNION – CURRENT SITUATION AND 
VISION FOR THE FUTURE  

Europe’s demand for energy is increasing in an 
environment of high and unstable energy prices. Greenhouse 
gas emissions are rising and the energy sector is one of the 
main emitters of greenhouse gases. Climate change along with 
an increasing dependency on energy imports are only a few of 
the risks the European economy is facing today. As 
investments in the energy sector are of a long-term nature, 
today’s energy decisions will have an impact on the energy 
system of tomorrow, thereby determining the future level of 
greenhouse gas emissions, fossil fuel dependency and the 
competitiveness of European economies in view of the 
fundamental transformation needed to ensure a sustainable 
Europe by the middle of the 21st century.  

Looking more closely at the development of renewable 
energy in recent years, it becomes apparent that renewable 
energy is a promising way to ensure that Europe's energy 
future is the future of renewable energy. In 2007, renewable 
energy reached a share of 9,9% of the EU’s final energy 
consumption. In the period from 2005 to 2007, the RES share 
increased by 1,3 percentage points (0,65%-points per year). 
The rapid development of the renewable energy industry is 
underlined by another historical fact. In 2008, more new 
renewable energy capacity was installed in the field of 

 

 

Hydro-power    
15,3% 

Other renewables 
(non-hydro) 5,0% 

Fossil fuels and 
nuclear 79,7% 

 

Fig. 1. Estimated renewable energy share of global electricity 
production, 2011  

 

Fig. 2. Renewable electric power capacity, World, EU 27, and 
BRICS, 2011 
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electricity than any conventional source of electricity. 
Renewable energy made up 57% of the overall 23,8 GW 
installed in 2008. This figure was topped in 2009, where 62% 
of all new installed electricity capacity was in renewable 
energy, clearly led by wind, PV and biomass [2]. 

The increase in renewable electricity output in 2011 might 
seem low in comparison to previous years, but the reduction 
in total electricity consumption across EU (from 3281,2 TWh 
in 2010 to 3350,3 TWh in 2011) consolidate the renewable 
share. Wind energy contributed most to the renewable 
electricity production increase by generating 30TWh more 

than in 2010 (20,1%). Solar power, primarily generated by PV 
plants, registered its biggest increase by doubling its 2010 
output (99,7%) to produce an additional 23,1TWh. Electricity 
from biomass contribution, which in 2010 had registered the 
highest increase, made an additional contribution of 9 TWh in 
2011. Hydropower is still the EU’s main renewable electricity 
source but output slipped below 50% mark (to 46%) in 2011. 
Total renewable electricity output is broken down by producer 
sector (Fig.3) [3].  

As mentioned previously, the RES Directive sets an overall 
target of a share of at least 20% renewable energy by 2020. As 
far as electricity is concerned, the European commission 
expects that the share of renewable energy will need to 
increase to 34%. Realizing these ambitious goals will be 
difficult.  Technical challenges will need to be overcome. The 
technologies also need to become progressively more cost 
competitive. To ensure large scale investment and deployment 
in the electricity, heating and cooling and transport sectors, 
the required policy framework needs to be developed and 
implemented, including appropriate financial incentives and 
measures to tackle the other non economic barriers. 

Europe’s current energy system is confronted with a 
number of uncertainties: unpredictable and highly volatile 
fossil fuel prices and the resulting economic challenges, 
geopolitical risks related to import dependency, and the 
harmful environmental consequences of fossil fuel based 
energy generation. Significantly increasing energy efficiency 
and deploying RES technologies is the most promising effort 
that can be made to mitigate man-made climate change and 
reduce hazardous pollution, enhance local and regional energy 
independence. In view of the fundamental transformation 
needed to ensure a sustainable Europe by the middle of the 
21st century, a fundamental structural change is needed. For 
all these reasons, Europe must prepare the ground for a 100% 
renewable energy future, starting today. The EREC report 
RE-thinking 2050 presents a pathway towards a 100% 
renewable energy system for the EU. “RE-thinking 2050” sets 
a long-term vision for the energy system in the EU, one which 
is entirely based on RES. In addition, it analyses the 
economic, environmental and social benefits likely to 
accompany such a transition and points out the necessary 
framework conditions to make this vision become reality. 

IV. MACEDONIA - CURRENT SITUATION AND 
PROJECTIONS FOR 2020 AND 2030 

Macedonia is strongly dependent on energy imports. It does 
not have any sources of crude oil or of natural gas, and in 
recent years it faces an ever increasing electricity imports. The 
energy sector in Macedonia greatly contributes to the 
environmental pollution because around 90% of the primary 
energy is produced from fossil fuels, mainly lignite and heavy 
crude oil. Therefore, this sector participates with over 70% in 
the total emission of greenhouse gasses and the participation 
is the same in the local pollution. However, with a share of 
RES of 13,8% in the final energy consumption in 2005, 
Macedonia belongs to the countries with a relatively high 
utilization of this type of energy [4]. In the past period, out of 
the RES, Macedonia primarily used hydropower (for 
production of electricity), biomass (mostly wooden mass for 
heat in the residential sector), the geothermal energy (mostly 
for heating the greenhouses), and some solar energy (for hot 
water in the households) and biofuels. In the future the plan is 
to increase the previously mentioned RES and to additionally 
use wind and solar power and biogas for production of 
electricity as well as waste biomass for cogeneration of 
electricity and heat.  

Hydropower. Macedonia has available technical potential 
for hydropower for generation of about 5500 GWh of 
electricity per year in average hydrologic conditions. From 
this potential, the total installed power of the existing HPPs is 
580 MW and their average annual generation is about 1500 
GWh which is 27% of the available potential. According to 
the Study, construction of new HPPs with an annual 
generation of about 2500 GWh is planned, which would make 
the total production reach a level of 4000 GWh or 71% of the 
available technical potential [5].  

Wind energy. Based on previous research, the realistic 
expectations include the construction of 90 - 180 MW WPPs 
by 2020 with annual generation of 180 - 360 GWh and a total 

 
 

 

Fig. 3. Share of renewable energy in gross electricity consumption of 
EU in 2010 and 2011 
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of 180 - 360 MW by 2030 with annual generation of 360 - 720 
GWh [5]. 

Photovoltaic Solar Energy. Macedonia disposes with solid 
solar potential and applies high feed-in tariffs for electricity 
generated from solar energy. However, Macedonia does have 
in-country production of relevant technology and the feed-in 
tariff is fully levied to electricity consumers without indirect 
benefits for the economy. Therefore, the construction of total 
10 - 30 MW PV systems has been anticipated by 2020 with an 
annual generation of 14 - 42 GWh, while 20 - 40 MW by 
2030 with annual generation of 28 - 56 GWh. Upper limits 
can be considered achievable in case of significantly higher 
electricity market price and development of cheaper 
technologies on use of solar energy for electricity generation. 

Waste biomass for combined heat and power generation. 
Activities to assess this potential in Macedonia are underway, 
but there are no specific results as yet. According to the 
Strategy [5], the construction of total 5 - 10 MW with annual 
generation of 25 - 50 GWh is possible by 2020 and 
construction of 10 - 14 MW with generation of 50 - 70 GWh 
is possible by 2030. 

Biogas. The potential for electricity generation from biogas 
has not been sufficiently researched. The present Strategy [4] 
anticipates a total capacity of such plants in the range of 7 - 10 
MW by 2020 with annual generation of 20 - 30 GWh and 10 - 
15 MW by 2030 with generation output of 30 - 45 GWh. 

Table I shows the share of electricity from renewable 
energy sources under the lower limit (LL), upper limit (UL) 
and and the planned values (PV) [4], [5]. Considering an 
electricity generation growth with an average annual rate of 
3%, 2% and 2,5% and electricity generation from RES 
according to the LL (2539 GWh), UL (3482 GWh), PV (2924 
GWh) the percentage share of RES in electricity generation in 
2020 would be 20,1%, 31,5% and 24,4% respectively, and in 
2030 the RES share in electricity generation will account for 
23%, 39,3% and 30,3%, respectively.  

TABLE I 
RES SHARE IN ELECTRICITY GENERATION 

 GWh 
2005 2020 

DG 
2020 
GG 

2020 
PV 

2030 
DG 

2030 
GG 

LHPPs 1090 2000 2600 2350 2920 3700 
SHPPs 54 300 400 300 510 710 
Total HPPs 1144 2300 3000 2650 3430 4410 
WPPs 0 180 360 180 360 720 
PVSystems 0 14 42 14 28 56 
Biomass 0 25 50 25 50 70 
Biogas 0 20 30 20 30 45 
Electricity 
from RES 

1144 2539 3482 2889 3898 5301 

Total 
electricity 
generation 

 12616 11060 11842 16955 13482 

RES share 
(%) 

 20,1 31,5 24,4 23,0 39,3 

 
All four scenarios analyzed in the Strategy [5] indicate the 

fact that in 2020 Republic of Macedonia can realistically 
attain the target share of RES set at 21%.   

Increasing the share of renewable energy sources is not 
possible without adequate (incentive-providing) primary and 
secondary legislation. In that context it is necessary to finalize 
the legislation and eliminate the administrative barriers. The 
utilization of renewable energy sources is supported with a 
whole host of measures (the most significant of which is the 
stimulation of electricity generation from RES through the use 
of feed-in tariffs) and their use is expected to increase in the 
future. Feed-in tariffs are stipulated by the Energy Regulatory 
Commission and currently in effect are tariffs applicable for 
SHPPs, WPPs, PVPP, power plants using biogas from 
biomass and power plants using biomass.  

V. CONCLUSION 

Sustainability is becoming the major goal in many 
communities. One of the crucial tasks in reaching 
sustainability is solving the problem of how to ensure 
adequate energy for development from locally present 
resources and cost effectiveness. In this situation, a mix of 
RES distributed around the world appears to be a promising 
sustainable solution. 

The world has tapped only a small amount of the vast 
supply of RES. Policy efforts now need to be strengthened 
and taken to the next level in order to encourage a massive 
scale up of renewable technologies. That level of scale is 
needed to enable the RES sector to play its critical role in 
building a long-term, stable, low-carbon global economy —
one that promotes energy security, industrial development and 
competitiveness, local economic development and jobs, 
climate change mitigation, and universal access to energy. 

The United Nations General Assembly declared 2012 as the 
International Year of Sustainable Energy for All. This 
initiative aims to mobilizing global action to achieve universal 
access to modern energy services, improved rates of energy 
efficiency, and expanded use of RES by 2030.  The trends 
point to a very different energy system that will begin to 
emerge over the next decade. To be sure, political leaders will 
need to continue enacting additional and effective policies, 
engineers and scientists will need to continue creating new 
technologies, and businesses will need to continue investing if 
this bright new future is to be realized.  
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Analyzing the number and the nature of the injuries in a 
industrial system from Bitola, R. Macedonia 

Ivo Kuzmanov1, Silvana Angelevska2 and Zore Angelevski3 

Abstract – During the year 2012, a research as a part of the 
every year activity of the NGO Bitola from Bitola (health and 
safety organization), considering the number and the nature of 
the injuries was conducted in Bitola's region. The research was 
done taking into consideration every single enterprise in Bitola's 
region (considering the nature and the number of the injuries), 
and considering the documents from the local inspectors (safety 
and health). All of the information's gathered were separated in 
several categories. This paper represents the analysis from FOD 
Bitola – a local business entity. The analysis was conducted in a 
frame period January – December 2012, and documents from 
local safety inspectors were also considered. 
 

Keywords – Safety at work places, Work injuries, Safety 
systems. 
 

I. INTRODUCTION 

Safety on the work places is one of the key aspects that 
directly lead to motivated staff members, whose feelings as 
safer as can be in their workplaces, leads directly to maximum 
motivation and achievement on the defined business 
objectives. [1] Considering Bitola's region there are numerous 
enterprises with a total amount of more than 13.000 
employees. So the injuries spotted in these enterprises are one 
of the main aspects for several institutions such as: the local 
safety inspectors, the NGO Bitola (local safety and health 
organization), Macedonian labor ministry, etc. 

Considering the main activities of the NGO Bitola, where 
we are active members, the main objective of the association 
is to educate the enterprises in the field of safety and health on 
work places, to analyses the number and the nature of the 
injuries in the Bitola's region on annual base and to have 
continued efforts in terms of educational and practical advices 
to business enterprises in the field of occupational safety and 
health. 

The sources that were used to get the relevant information's 
for these analyses are [2]: 

• Submitted evidential sheets given by the business 
enterprises that gravitates in the Bitola's region 

• Submitted records for the number of injuries, given 
by competent inspectors (safety and health on 
work places) from Bitola's region. 

The basic aim of this paper is to represent all of the injuries 
spotted in a real business entity in Bitola's region, guttered in 
the time frame January – December 2012. All of the 
information's are analyzed in the period January – March 
2013, and are divided in several sub – categories (key points 
of view) represented in addition of this paper. 

 

II. PRESENTING THE BUSINESS ENTITY AND THE 
CRITERIA'S THAT WERE UNDER RESEARCH 

The business entity that is represented in this paper is FOD 
Bitola. It is an industrial system from the steel - 
manufacturing industry, which is active from 1986. At the 
moment there are 220 full time employees, and several from 
agencies for temporarily employment. [3] The targets of the 
research are the 220 employees because all of the records are 
for them. In the business entity there is a double shift work 
period (2 shifts / 16 hours total). 

All of the results from the conducted research, considering 
the work injuries on the direct work places, are analyzed and 
categorized in several key points of view such as [1], [2]: 

• the gender of the injured person 
• the aimed education of the injured person 
• the nature of the injury (death, heavy, light, etc) 
• the body part that is injured 
• the day of the week (when the injury is spotted) 
• the time frame of the day 
• the age of the injured person 
• the cause of the injury, and 
• lost work days (as a result of the spotted injury). 

Considering the two sources for information (information 
from the entity, and information from the local inspectors), I 
must say that there are 26 spotted and confirmed (by the local 
inspectors) injuries in the time frame January – December 
2012.  

In addition of the paper, several of the key points of view, 
with the final results, are represented. 
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III. PRESENTING THE RESULTS FROM THE 
RESEARCH 

 
A. Gender of the injured persons 

 
Considering the gender of the injured persons the situation 

is represented into table 1, and in the figure 1. 
 

Table I 
GENDER OF THE INJURED PERSON 

Gender Total number 
of injured 
persons 

In percent 
(%) 

Male 18 69.2 
Female 8 30.8 
TOTAL 26 100 

 
Viewing the results, another sub – criteria is more than 

relevant, and that is the total percent of injured persons in 
2012, considering the total number of employees (220 
employees). So dividing the number of injured persons (26) 
with the total number of employees (220), the total percent of 
injured persons is 11.8%. That means that every 10-th person 
in this business entity was injured during the work activities in 
2012.  

 
B. Nature of the injury 
 
Considering the nature of the injury, all of the injuries were 

divided into three main categories, such as: death, heavy 
injury and light injury. Unfortunately all of the injuries (26) 
were heavy injuries, so the total amount of lost work days as a 
result of the injury in 2012, were 283 work days. From that 
amount, 276 work days were directly lost as a result of a 
spotted injury, and 7 work days were lost as a result of an 
professional illness.  

Furthermore, considering the body part that was injured, 
there are several main categories of injuries, such as: 

• Injury of the head 
• Injury of the body 

• Injury of the arm 
• Injury of the leg 

Taking in consideration that the number of the injured 
persons in FOD Bitola, in the year 2012 was 26 injured 
persons, before I start the presentation of the results divided in 
the categories previously mentioned, I must say that several 
persons (to be more precise – 5 persons), have had multiple 
injury (for example 1 injury – 2 body parts injured). That is 
the reason why the total number of injuries in Table 2 and in 
Figure 2 is 31. 

The table 2 and figure 2, are created especially for 
representation of the results 

 
Table II 

THE BODY PART THAT IS INJURED 

Body 
part 

Total number 
of injuries 

In percent 
(%) 

Head 2 6.4 
Body 2 6.4 
Arm 14 45.1 
Leg 13 42.1 
TOTAL 31 100 

 

 
Seeing the results, arms and legs are the most injured body 

part. Taking into consideration that the number of injured 
persons was 26 injured people, every 9-th of 10 people has an 
injury of the arms or the legs.  On the other hand 87% of the 
body injuries are injuries of the arms and the legs. So, this is 
one of the main objectives for further analysis, and future 
steps for safer work places. 

 
C. Aimed education of the injured person 
 
Considering the work processes and the level of education 

that is required for the work position from one hand, and on 
the other the results from the conducted research and the 
results about the level of the education aimed, we can 
conclude that every 26 people has an middle level of 
education, or in world frame known as secondary school 
(classification in Macedonia - SSS).  But, I must say that the 
business entity has multiple processes that require this level of 

 

Fig. 1. Gender of the injured person 

 

Fig. 2. Injured body part 
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degree and that is the main reason why all of the spotted 
injuries, to be more precise 26 people, has a middle level 
degree (secondary school). In all of the business entities that 
were under consideration during this research the results from 
these criteria were segmented in several levels such as: 
primary school, secondary school, university degree, master 
degree and even a PhD degree. 

 
D. Day of the week (when the injury is spotted) 
 
The results from the research were considered from another 

criterion, and that is the day of the week when the injury is 
spotted. Considering the processes of production, the business 
entity work from Monday to Sunday, with shifts. So, all of the 
spotted injuries considering this criteria, are represented into 
Table 3 and Figure 3 in addition. 

 
Table III 

DAY OF THE WEEK 

Day Total number 
of injuries 

In percent 
(%) 

Monday 2 7.7 
Tuesday 5 19.2 
Wednesday 5 19.2 
Thursday 7 27.0 
Friday 5 19.2 
Saturday 0 0.0 
Sunday 2 7.7 
TOTAL 26 100 

 

Seeing the results represented in table 3 and figure 3, it is 
more than obvious that most of the injuries, or to be more 
precise 22 from 26 total (84.6%) has been spotted in the week 
frame Tuesday-Friday. But the so-called black day is 
Thursday with total 7 injuries (or 27%). We can say that every 
4-th person from 26 (spotted injured persons) is injured in 
Thursday. 

 
 
 
 

E. Age of the injured person 
 
The age of the injured person is another very relevant factor 

for injury. Considering numerous foreign authors, at the 
beginning (when the employee doesn't have any kind of 
experience) and in the period when the employees are before 
retirement (60-65 years of age), the risk factor for injury is up 
to 80-85%. That is why the age of the workers is one of the 
elements that should be considered during the process of risk 
evaluation on direct work places. 

On the other hand the results from the conducted research 
are separated in 4 different categories of age, such as: 

• 18-25 years of age 
• 25-35 years of age 
• 35-45 years of age 
• 45-65 years of age 

The frames 18-64 years of age are taken because of the 
Macedonian laws. 18 years is considered as an age when 
persons can start working, and the age of 65 is the age when 
the person is going to retirement. 

All of the results from the research on this point of view are 
represented in Table 4 and Figure 4 in addition of the paper. 

 
Table IV 

AGE OF THE INJURED PERSON 

Age Total number 
of injuries 

In percent 
(%) 

18-25 0  
25-35 3  
35-45 6  
45-65 17  
TOTAL 26 100 

 

Seeing the results from these criteria, there are with a core 
lance with the theoretical views of numerous foreign authors. 
Most of the injuries, to be more precise 17 out of total 26 
(65.4%) are in the age where employees are more and more 
experience and several of them are before retirement (age 45-
65). There are several factors for this situation, but among 
them I must say that the situation where employees consider 
that they know everything and they couldn't be injured 

 

Fig. 3. Injuries in week day 

 

Fig. 4. Age of the injured person 
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because they know the process is the main criteria for this 
kind of situation. Several steps could be taken with a final aim 
to reduce the number of injuries, but the main one is to have 
an open conservation with this category of employees (45-65), 
where several case-studies could be represented in a aim to 
reduce the injuries and to make them thing more and more 
that they can be also injured during every day work activities. 
This is also the work of the safety and health officers. 

 
F. Cause/nature of the injury 
 
Considering all of the above mentioned key points of view, 

the last but not the least is the cause of the injury. Considering 
the causes for injury they can be divided in several categories 
such as: 

• Mechanical nature 
• Chemical nature 
• Electrical nature  
• Equipment for personal safety 
• Other  

Seeing the categories, and regarding the processes of work, 
most of the spotted injuries are with mechanical nature (24 out 
of 26), and 2 from the category equipment for personal safety. 
In addition in table 5 and figure 5 it is given an illustrative 
view of this key point of view. 

 
Table V 

CAUSE FOR THE INJURY 

Nature of the 
cause 

Total 
number of 

injuries 

In percent 
(%) 

Mechanical 24 92.3 
Chemical 0 0.0 
Electrical 0 0.0 
Equipment for 
personal safety 

2 7.7 

Other 0 0.0 
TOTAL 26 100 

 
Seeing the results from the analysis of the key point – cause 

for the injury, the conclusion is that all of the injuries are as a 

result of lack of attention or lack of equipment for safety on 
direct work places. This is a situation for further analysis, but 
that will be presented in a different paper. 

 

IV. CONCLUSIONS 

Taking in consideration the information that is presented in 
this paper, as well as extensive analysis by category, the same 
one it is an excellent basis for taking preventive actions 
(primarily by the company, but also by the competent 
inspectorate), with the final aim of reducing the number of 
injured people. Considering the nature of the NGO Bitola 
(occupational and safety), the situation will be followed in 
2013, after which actually at the end of this year (according to 
the number of recorded injuries) could be concluded whether 
any kind of actions, in aim to reduce the number of injuries, in 
this business entity were made. 
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Trajectory Tracking Control for the Slew Motion of a 
Dragline Excavator  

Rosen Mitrev1 and Plamen Petrov2 

Abstract – This paper proposes a trajectory tracking controller 
for a dragline excavator. First, a dynamic model of the excavator 
suitable for feedback control is developed. A desired trajectory 
for the slew motion is generated using fifth order polynomial 
function. After linearization of the nonlinear dynamic model, a 
linear feedback control is proposed.  Simulation results illustrate 
the effectiveness of the proposed controller. 
 

Keywords – Dragline excavator, Dynamic modelling, 
Trajectory planning, Feedback control. 
 

I. INTRODUCTION 

Dragline excavators are heavy machines, widely used in the 
mining industry to remove overburden in open-pit coal 
mining. 

The interest in automatic control of draglines has been 
increasing in recent years. This is because the advantages that 
the automatic control offers over a manual control include 
greater efficiency, operator’s convenience and possibility of 
periodic break for repose. While the problem of automatic 
control of cranes has attracted a great deal of attention during 
the last decade [1,2], to our knowledge, the problem of 
controlling dragline excavators has seldom been addressed in 
the literature [3,4,5]. The goal is to transport the payload for a 
given period of time and, in the same time, to reduce the 
bucket swing angle. The Lagrange formalism is often used for 
derivation of different types of mechanical devices [6,7,8,9]. 

In this paper, we propose a simplified control strategy 
based on linearization of the dynamic model combined with 
trajectory tracking and linear feedback control law. The 
organization of the paper is as follows: In Section II, a 
dynamic model of the dragline excavator suitable for feedback 
control applications is derived.  In Section III, a linear control 
law is designed. Section IV contains simulation results. 
Conclusions are presented in Section V.  

II. DYNAMIC MODEL 

A schematic view of the dragline excavator is shown in Fig. 
1. In order to derive a dynamic model suitable for control 
applications, we make the following assumptions: the bucket 
and the payload are considered as a point mass, the mass and 
stiffness of the drag and hoist ropes are neglected. In this case, 

the system has two degree of freedom and the associate 
generalized coordinates are 

 
                                   [ ] 2

21 ℜ∈= Tq θθ                            (1) 
 

where 1θ  is the slew angle, which represents the rotation of 
the house and the boom structures about the vertical z0 axis; 

2θ  is the swing angle of the bucket, which represents the 
angle between the vertical plane passing through the boom 
axis and the plane passing through the boom axis and the 
bucket (Fig. 1). 
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Fig. 1. Schematic view of a dragline excavator 
 

In the present paper, 4x4 matrices of homogenous 
transformation are used. An inertial coordinate system 
O0x0y0z0 is assigned in the work space where the z0 axis is in 
the vertical direction.  The z1 axis of the rotating together with 
the house structure O1x1y1z1 coordinate system coincides with 
the z0 axis and the slew angle 1θ  is measured between x0 and  
x1 axes. The z2 axis is directed along the boom axis and the 
origin of the coordinate system O2x2y2z2 is put at the point of 
the reduction of the mass of the boom A. This point is 
received from the intersection of the boom axis and the 
perpendicular from the bucket to the boom axis. The origin of 
coordinate system O3x3y3z3 coincides with the origin of the 
coordinate system O2x2y2z2 and axis z2 coincides with axis  z3. 

The swing angle 2θ  is measured between x2 and x3 axes. The 
parameters LX and LZ are the distances from the point O0 to the 
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point O2. The corresponding homogeneous transformation 
matrices which define the relative position and orientation 
between the adjacent coordinate systems are: 
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If we suppose that swing angle 2θ  is small than  
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Using the transformation matrices (2), the coordinates of 

the points A and B with respect to O0x0y0z0 are  
 

                           ( ) XA Lx 1cos θ=  
                                ( ) XA Ly 1sin θ=  
                                ZA Lz =                                                (3)                 

( ) ( ) ( ) ( )( )LLx XB 1211 sinsincoscos θθαθθ −+=  
( ) ( ) ( ) ( )( )LLy XB 1211 cossinsinsin θθαθθ ++=  

                            ( )αcosLLz ZB −= . 
                         
The dynamic equations of motion of the dragline are 

derived using Lagrange formalism 
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a
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&&
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where the Lagrangian La represents the difference between the 
kinetic and potential energy of the system; Φ is the Rayleigh 
dissipation function; Qi are the generalized forces associated 
with the generalized coordinates 

 The kinetic energy of the system comprises three 
components – the kinetic energies of the masses mA and mB 
and the kinetic energy of the rotating house. The full kinetic 
energy of the system is obtained as follows: 
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where α is the angle between the boom and the horizontal 
plane; L is the length of line between points A and B; mA is the 
reduced to the point A mass of the boom;  mB is the mass of 
the dragline bucket and payload; J is the mass moment of 
inertia of the rotated house. 

The potential energy of the system is given as  
( ) ( )( )2coscos θαLLgmU ZB −= .                          (6) 

 

In the present paper, we consider that the dissipation of the 
energy is present only in the rotating mechanism, supporting 
rotating house and is due to the resistive forces, which are 
proportional to the velocity. The Rayleigh dissipation function 
is defined by the following equation 

 
2

112
1 θ&b=Φ                                       (7) 

 
where b1 is viscous damping coefficient, associated with 
coordinate 1θ . 

Using equations (3), (4), (5), (6) and (7), the dynamic 
equations of motion of the dragline are obtained in the form 

 
        QGqCqD =++ &&&                                   (8) 

 
    After linearization, the matrices in (8) take the form: 
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( )αsinLLK X +=  
  where M is the control moment, acting on the rotating house. 

Remark 1: It should be noted that the matrix D is positive 
definite and the matrix CD −&2/1  is skew-symmetric. 

III. FEEDBACK CONTROL DESIGN    

In this paper, we consider the problem of position control   
of the dragline excavator. The goal is to transport the bucket 
by slew motion of the boom and to reduce the swing angle of 
the bucket. The desired trajectory for the slew motion of the 
boom is proposed in the form of a fifth order polynomial: 

 
5
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2101 )( tatatatataatd +++++=θ                 (10) 
 

where the coefficients a0…a5 are determined by the initial and 
end conditions.  

We make the following change of coordinate 
  

                                 de 111
θθθ −=                                   (11) 

 
and input 

                                 du 1θτ &&−=                                     (12) 
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Finally, using (11)-(13), after some work, the dynamic 

equations of the dragline excavator can be written in error 
coordinate as  
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The system (14) is controllable, since 
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The system (14) is transformed in control canonical form 

by using the transformations 
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and  
                          1−= TTAA ec , ec Tbb = . 
 
Then, the system is stabilized by linear feedback of the 

form 
                                          ckxu −=                                 (17) 
 

by using the pole placement method, where k = [k1,k2, k3, k4] 
and  the gains ki  (i = 1,2,3,4) are positive numbers. 

IV. SIMULATION RESULTS 

Several simulations using MATLAB were carried out in 
order to illustrate the performance of the proposed controller. 
The desired trajectory of the boom slew motion is given by 
(10) and coefficients for the desired angle π/2 rad and final 
time of 22s are a0=a1=a2=0, a3=1.475.10-3, a4=-1.006.10-4, 
a5=1.829.10-6. The dragline excavator is tested with a reduced 
mass of the boom mA=150.103 kg, mass of the bucket and 
payload  mB=50.103 kg,  distances LX=40 m and L=15 m, 
mass moment of inertia of the rotating house J=37.106 kg.m2, 
damping coefficients b1=150.103 N.m.s, b2=2.103 N.m.s. In 
the first simulation, from Fig. 2, we can see the evolution in 
time of the swing angle θ2 during the rotation of the boom. 
Fig. 3, presents the evolution in time of the movement of the 
boom θ1(t) according to desired trajectory θ1

d(t). Fig. 4 
presents the tracking error

1θe . The results of the simulations 
confirm the validity of the proposed controller.  

 
Fig. 2. Time history of the swing angle of the bucket 

 

 
Fig. 3. Time history of the boom displacement (red line), desired 

trajectory (blue line) 

 
Fig.4. Tracking error  
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V. CONCLUSION 

In this paper, a trajectory tracking controller for a 2-DOF 
dragline excavator has been proposed. A dynamic model of 
the dragline was developed by using the Lagrange formalism.. 
A desired trajectory for the boom rotation was generated using 
a fifth order polynomial. Linear feedback was proposed for 
the linearized control system. Simulation results confirm the 
validity of the proposed controller. 
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Global path planning algorithm for mobile robots  
Stojanche Panov1 and Saso Koceski2 

Abstract –This research study presents a novel metaheuristic 
approach to solving the global path planning problem, which 
combines the search space separation capabilities of the Quad-
tree method and optimization capabilities of the Harmony 
Search method. Results have shown that this approach is 
effective and gives accelerated convergence.  

Keywords – metaheuristic algorithms, mobile robotics, 
optimization, global path planning. 

I. INTRODUCTION 

The global path planning problem can be easily formulated 
as establishing a feasible route from a starting point to a 
destination point. On this route, a search agent might face 
obstacles in the searching environment, which need to be 
avoided, which leads to the fact that a collision-free path is 
crucial and necessary. This route, however, ought to be 
determined before the search agent has started it’s travelling 
through this path. This means that one needs a certain 
effective algorithm to perform this task as fast as possible and 
it’s recommended that the found solution is optimal. Since the 
nature of this problem is its NP-completeness, there have been 
several metaheuristic techniques applied to the global path 
planning. Although there were approaches that used 
completely metaheuristic algorithms, there were also research 
studies which utilized hybrid approaches, i.e. combination of 
deterministic and metaheuristic algorithms in order to obtain a 
technique which would provide desirable or near-optimal 
solutions. 

The agents’s navigation through the defined route can be 
divided into two sub-tasks, namely local and global path 
planning. This means that there’s a part of the path planning 
approach, i.e. the local path planning, which deals with 
avoiding obstacles, acceleration, processing input data and 
other environmental dependent problems, whereas the global 
path planning issues the finding of an optimal route. The 
representation of the environment of interest for the search 
agent can be given as a real-world interpretation, or it can be 
discretized. There have been many researches that applied 
grid-based path planning, i.e. techniques that represented the 
search space as a two dimensional grid. This type of 
discretization is popular in path planning algorithms, as it can 
easily be manipulated by the algorithms utilized for its 
solving. Though this approach in real-world applications 
might not be satisfying, it is a crucial foundation for obtaining 
a path based on a priory provided data to the algorithm. 

This paper presents a novel sophisticated approach to 
solving the path planning problem, namely the Quad Harmony 

Search algorithm. This metaheuristic algorithm has been 
accelerated by the popular quad-tree free space decomposition 
technique in order to divide the search space into smaller free 
space regions, which proved by our experimental results, gave 
great speed to the process of obtaining an optimal solution. In 
the end, we provide a detailed study of the effectiveness of the 
Quad Harmony Search algorithm.  

II. RELATED WORK 

The global path planning problem is a popular topic that 
has been actively researched over the last several years. Most 
of these research studies involve using metaheuristic 
approaches, given they were purely metaheuristic or 
combined with other techniques as well. Also, one should 
emphasize that grid-based representations of the mobile 
robot’s environment are explored thoroughly, so grid-based 
path planning plays a crucial role in solving today’s real-
world applications. Particular studies even use discretization 
of complex obstacles to a grid-based representation, which 
provided collision-free near optimal solutions as well [1].  

Simulated annealing (SA) had been proposed as an 
algorithm in 1983. It is a well utilized metaheuristic algorithm 
which mimics the slow cooling appearing in the annealing 
process [2], analogous to the slow convergence and accepting 
more solutions. SA has been vastly used for path planning 
problems over the past years. Some research studies, referring 
to this algorithm, represented the robot’s path by using a 
Voronoi diagram. A particular research used the Voronoi 
diagram to find a collision-free path by using Dijkstra’s 
algorithm, thus utilizing this data to compute the best path by 
applying SA, satisfying the kinematic constraints [3]. Results 
have proved that this approach gives better results than the 
traditional SA algorithm [3]. SA has also been combined with 
other metaheuristic techniques in order to solve the path-
planning problem for mobile robots. A concrete study used 
the genetic algorithm (GA) as an acceleration to the SA 
algorithm [4, 5]. Some researches presented that this hybrid 
approach of the GA and SA algorithms avoids premature 
convergence and gives better results [6]. In the end, there’s a 
research paper stating that SA algorithm, used solely and 
compared to other metaheuristic techniques, was able to 
always find a solution and proved to be practical and 
effective, but compared to tabu search couldn’t always find 
the shortest possible path [7]. 

Particle Swarm Optimization (PSO) [8] is an algorithm that 
is also one of the well utilized metaheuristic approaches, and 
it’s based on imitating the social behaviors, where individual’s 
capabilities are less valued than the global social interactions 
[9]. Global path planning has been previously solved by 
utilizing a quantum-behaved PSO algorithm (QPSO). Here, 
the robot’s map between the initial and the end point is 
represented with coordinate system transferring. The 
algorithm has performed with accelerated convergence having 
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no restrictions regarding the shapes of the obstacles [10]. In 
the past several years, there have been also many hybrid 
approaches which combined the PSO algorithm with other 
metaheuristic algorithms. These approaches have proven their 
efficiency through several experimental studies. One of them 
is the hybrid GA-PSO algorithm, which used the genetic 
algorithm as an acceleration to the existing PSO algorithm. 
This algorithm applied the mutations and crossover operators 
on the generated results from the particles. After finding a 
feasible route, a cubic B-spline technique is utilized to 
produce a smoother and better solution. This method has 
avoided the drawbacks of an early convergence, which is 
typical for these metaheuristic algorithms when used 
separately [11]. There had been also an orthogonal PSO 
algorithm, which included the orthogonal design operator to 
the simple PSO algorithm in order to avoid falling into local 
optima. Compared to the traditional PSO algorithm, this 
approach also gave more effective solutions [12]. When the 
path space model of the mobile robot is transformed by 
decomposition of the two-dimensional representation of the 
route, pairs of particles are capable of exchanging information 
for the crossover operator. This led to avoiding falling into 
local optima and giving feasible and reasonable solutions [13]. 
Very recent approaches took the path planning problem to 
four dimensions, thus defining the problem as a calculus of 
variation problem (CVP). Then, the solution to the CVP is 
effectively provided by applying the PSO algorithm [14]. 

The Ant Colony Optimization (ACO) algorithm is also a 
metaheuristic algorithm, which is inspired by the behavior of 
ants and their process of seeking food [15]. Hybrid 
approaches and implementations have been very popular, one 
of them being a combination of ACO and genetic algorithm 
(GA), referred to as smartPATH [16]. This concrete hybrid 
algorithm includes improvements of the ACO algorithm and 
modified crossover operator for the GA part of the algorithm, 
thus avoiding the inclination towards local minima. Results 
have shown that this algorithm performs much better that the 
standard ACO algorithm and also the Bellman-Ford method 
[16]. A Two-way ACO algorithm has been applied to the 
global path planning problem in a static environment, such 
that there are two ant tribes walking in opposite directions 
from starting and ending point [17]. The heuristic information 
was then gathered by the initial point, destination point and 
ants’ movements [17]. An endpoint approximation method 
proved to give efficient results, which consisted of constantly 
moving the starting and ending point of the grid towards each 
other, so the convergence obtained an accelerated speed [18]. 
A type of ant colony system with potential field heuristics 
provided effective construction of the robot’s path planning 
and avoidance of environmental obstacles [19]. In a late 
research study, cellular ant colony algorithm consisted of two 
ant colonies running with different strategies [20]. Then, these 
paths were evolved by using cellular rules, so the ants could 
jump to the region which leaded to the solution, thus resulting 
in a more stable algorithm [20]. A Best-Worst ant colony 
method also improved the searching processes significantly, 
and a Max-Min system for limiting the global pheromone 
intensity provided applicable solutions to the path planning 
problem [21].  

Genetic algorithms (GA) is a technique which makes the 
best use of the search by implementing the concepts of natural 
evolution [22]. A combination of the Anytime Planning 
criteria and multi-resolution search spaces in the genetic 
algorithm resulted with several parallel evolutions, thus 
exchanging information between these parallel search threads 
about the low-cost solutions in the environment and 
improving the overall convergence [23]. Recent improved GA 
constituted of several optimizations to this algorithm. A hill-
climbing method was firstly used to improve the mutation of 
the algorithm. Then, particle swarm optimization (PSO) was 
utilized to speed up convergence, and in the end an emulation 
takes place with float-point coding involved in the improved 
GA [24]. A dual population evolution with proportion 
threshold adaptation when having a fixed length binary path 
improved the capability of the algorithm to gravitate towards 
global optimal solutions and accelerated the convergence 
speed as well [25]. Introducing an adaptive local search 
operator and applying an orthogonal design method in the 
process of the initialization of the population and including 
intergenerational elite mechanism, also gave great 
accelerations compared to the original GA [26]. There have 
been research studies that implemented a hybrid of Artificial 
Potential Fields (APF) and GA, which uses the APF method 
to determine the collision-free area and avoid the 
environmental obstacles, and then it applies the fitness 
function of the GA accelerated by least-square curve fitting 
[27]. This combination has been applied to soccer robots’ path 
planning and obtained effective results in terms of finding an 
optimal route [27]. 

III. QUAD-HARMONY SEARCH ALGORITHM 

This research paper presents a novel Quad-Harmony Search 
(QHS) algorithm which is effectively applied to the global 
path-planning problem. By using the Quad-tree free space 
decomposition algorithm, this algorithm splits the 
environmental data of the agent into four equally sized 
subgrids in a recursive manner, until it finds a single cell or an 
obstacle-free subgrid. In this phase, all of the free regions are 
labelled with proper numbers and treated as a single node later 
in the Harmony Search (HS) stage of the algorithm. The HS 
stage consists of applying the Harmony Search method [28] to 
find an optimal route, given the data provided from the Quad-
tree stage of the algorithm. The search space of the agent is 
static and the agent is able to move in four different 
directions, namely labelled as up, right, down and left. 

The QT stage of the algorithm used for the QHS is executed 
in the following manner: 

1. Give the necessary discretized environmental data to the 
mobile robot as input.  

2. Check if there is a single cell. If this is the case, 
determine whether it’s a free rectangle or an obstacle. If it’s 
empty, label it with a unique number. Otherwise, label it with 
-1. 

3. Separate the current examined part of the environment 
into four equally sized regions. 

4. Explore these regions and check if they are obstacle-free. 

356



 
 
 

a. When all of the regions are obstacle-free, label them with 
the same unique number. 

b. When two adjacent regions are obstacle free, label them 
with the same unique number and repeat the recursion steps 
from Step 2. 

c. When 4.a) and 4.b) result with a false outcome, repeat the 
recursion steps for all of the regions from Step 2. 

The results from the QT stage of the algorithm are fed as 
input to the Harmony Search stage of the QHS algorithm. 
Here, the input is used to construct an adjacency list which 
should be used for the graph search of the algorithm. Then, 
these data are utilized for the purposes of the fitness function 
of the HS algorithm. The value of the fitness function is then 
computed as follows: 

1. Initialization. Set the start node of the algorithm to the 
initial point of search of the mobile robot. Set this node as the 
current node. 

2. Adjacent nodes search. Examine the current node and 
check for its label: 

a. When the current node is the final node, terminate and 
exit with success. Otherwise, continue to step 2.b. 

b. Examine the adjacent nodes of the current node. The next 
node to be selected is the node generated as the random value 
by the one present in the current value (member) of the 
candidate vector, modulus the maximum number of labelled 
rectangle areas. This number is the index of the node in the 
adjacency list of the current node and it belongs to the domain 
of numbers given by [1; maxRectangles], where 
maxRectangles is the largest unique number generated by the 
QT stage of the algorithm. 

c. Set the randomly selected node as the current node. 
Increase the returning value of the fitness function by a 
predefined value. Repeat Step 2 for this particular node. 

Hence, the mathematical formulation of the fitness function 
would be interpreted as follows: 

 ∑
∈

=
Gg

gNodeCostf )((.) ,  (1) 

where g is the current examined node, G is the domain set of 
the g node, and NodeCost(g) stands for the cost of the g node 
related to its position compared to the destination point, 
defined in the following manner: 
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For the purposes of our research, several types of grids 
were tested by using the QHS technique. These grids had sizes 
of 32x32, 64x64 and 128x128, and they had 10%-90% 
percentage of obstacles. These results from the QHS 
algorithm were then compared to other two metaheuristic 
approaches, namely the Ant Colony Optimization (ACO) and 
Genetic Algorithm (GA). Results from this research are 
detailed and presented in Fig. 1, Fig. 2 and Fig. 3 for the grid 
sizes of 32x32, 64x64 and 128x128 respectively. As it can be 
clearly seen, the QHS algorithm has performed with great 
acceleration in convergence compared to other metaheuristic 
approaches. The GA needed a lot more iterations to converge, 

and always found only a local optima, i.e. it always found 
little variations of the first obtained feasible path, whereas the 
ACO algorithm always found a global optima, but needed 
more iterations to provide an optimal solution. This makes 
QHS algorithm the right choice for the global path planning 
problem of a search agent. 

 

 

 

IV. CONCLUSION 

This paper presented a novel metaheuristic approach to 
solving the global path planning problem, namely the QHS 

Fig. 1. Comparison of QHS, Ant Colony and Genetic Algorithm 
for 32x32 grid sizes. 

Fig. 2. Comparison of QHS, Ant Colony and Genetic Algorithm 
for 64x64 grid sizes. 

Fig. 3. Comparison of QHS, Ant Colony and Genetic Algorithm 
for 128x128 grid sizes. 
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algorithm. This algorithm was founded on the effective search 
space division capabilities of the Quad-tree algorithm and the 
optimization capabilities of the Harmony Search algorithm. 
Different grid sizes and different percentages of obstacles 
have been examined and experimental results have been 
elaborated. This research has shown that this algorithm 
performs better than other metaheuristic methods, namely the 
ACO and GA algorithms in terms of time and acceleration of 
convergence. Hence, this algorithm is a great foundation for 
further researches in the field of metaheuristic algorithms 
applied to NP-complete problems, such as the global path 
planning problem detailed in this paper. 
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Efficient RF voltage transformer with bandpass filter 
characteristics 

M.Moreira, J.Bjurström, I.Katardjiev and V.Yantchev1 
 

Abstract - A microwave bandpass filter with a large ratio 
between the output and the input impedance has been designed 
and fabricated. Consequently, it functions both as a voltage 
transformer and a bandpass filter or transfilter for brevity. It 
represents a two-port micro-acoustic resonator employing 
Lamb waves in a thin piezoelectric AlN film grown onto a Si 
carrier substrate with a center frequency of around 887 MHz. 
The transfilter has a transformer ratio of 10 and a voltage 
efficiency over 80%. The component has a small size (<0.5 mm2) 
and is shown to sustain power levels of 250 mW.  It can be used 
in a variety of cases where both voltage amplification and 
frequency filtering are required. Examples include: charge 
pumps in RFID tags, energy scavenging, remotely triggered 
switches, wake-up radios in wireless networks, stand-by units in 
home electronics, etc. 
 

I. INTRODUCTION 
Passive CMOS-based RFID tags attain energy from the interrogation 

signal which is rectified and subsequently accumulated over a period of 
time. Practical reading distances require voltage amplification which is 
achieved by various variants of the Dickson multistage rectifier[1] also 
referred to as charge pump, representing a network of rectifying devices 
(transistors or Schottky diodes) and capacitors. Their voltage efficiency, 
however, is low and declines rapidly with the degree of amplification. 

In a different context, remotely triggered switches (RTS) are needed 
in remotely controlled devices such as wake up radios in wireless sensor 
networks, home electronics, etc. The basic circuit of an RTS was 
proposed by Gu and Stankovic[2] and is illustrated in Figure 1. 

 
Fig. 1 Schematic of a remotely triggered switch (RTS) 
 
The idea is to make use of the energy of the interrogation signal to 

trigger a low threshold electronic switch. Since the power levels at 
practical distances are insufficiently low the energy is accumulated over 
a period of time and stored into a capacitor. A voltage transformer is 
typically needed to increase both the output voltage and the energy 
accumulated. A filter is placed between the antenna and the transformer 
to provide addressing. For instance, several such RTS’s, tuned at 
different frequencies, may be connected in parallel to provide 
addressing as illustrated in Figure 2. 

 
Fig. 2 Example of a 2-bit RTS, hardcoded as (0,1) 
 
Notable drawbacks of the RTS described above are its cost and size. 

To overcome the deficiencies in the above described cases we have 
designed and fabricated a micro-acoustic bandpass filter with a large 

ratio between the output and the input impedance which makes it an 
efficient voltage transformer at the same time. In other words, it is both 
a transformer and a filter, for brevity also called transfilter. Thus, a 
single transfilter replaces the first two components in Fig. 1. 

 

II. EXPERIMENTAL 
The transfilter represents a 2-port Lamb wave resonator made of a 2.2 

μm thick c-textured AlN thin film grown onto a Si carrier substrate. The 
latter is etched from the backside to release the film and form a free 
standing membrane.  Wave excitation and signal output are realised by 
inter-digital transducers (IDT) with a 6 μm pitch while energy 
confinement is achieved by Bragg reflectors consisting of metal strips 
with the same pitch as that of the IDT. Both the IDT’s and the reflectors 
were made of 300 nm thick Al. For more information on the design of 
Lamb wave devices see ref. 3. Fig. 3a shows a cross-sectional schematic 
while Fig. 3b shows a top view of the fabricated component. 

 
  a)   b) 
Fig. 3a A cross-sectional schematic of the transfilter  
Fig. 3b Top view of the fabricated transfilter 
 
The area of the transfilter is less than 0.5 mm2. The transfilter was 

electrically characterized with a Network Analyser in a 50/50Ω 
configuration around its central frequency of about 887 MHz. Fig 4a 
shows the device S21 transfer function while Fig. 4b shows its voltage 
transformer characteristics at center frequency. 
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Fig 4a S21 characteristics   Fig. 4b Open circuit voltage 

characteristics 
 
Specifically, Fig. 4a shows that the component is a bandpass filter 

with an insertion loss of about -5 dB which after design optimization 
can readily be brought down to -1 dB. The unloaded Q was 3000 while 
the device input and output impedance at center frequency were 
measured to be 25Ω and 2600Ω respectively resulting in a voltage 
transformer ratio of about 10. The latter is confirmed by Fig. 4b which 
shows the input and output voltage amplitudes under open circuit 
conditions. Specifically, an input amplitude  of 0.2V is transformed into 
an output amplitude of 2V with a 180o phase shift.  

To further illustrate the usability of the transfilter in a RTS the above 
measurements were used to simulate the circuit illustrated in Fig. 5. 

1 Uppsala University, Box 534, S-75121 Uppsala, Sweden, email: 
ilia@angstrom.uu.se 
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Fig. 5 Simulated circuit with an input power of 100 μW 
 
Fig. 6 shows the voltage at the output capacitor as a function of time 

at center frequency. For comparison, a simulation is also performed for 
the case without the transfilter. 

 
Fig. 6 Voltage accumulation at the output capacitor at center 

frequency  
 
Specifically, for the case without a transfilter the output voltage 

saturates at around 0.1V irrespective of frequency. In the case with a 
transfilter the output voltage increases to 0.8V for the initial 100 μs 
when operated at center frequency, indicating an overall voltage 
efficiency for the whole circuit of 80% in view of the open circuit 
transformer ratio of 10. Outside center frequency the voltage at the 
output capacitor is practically zero as also seen from Fig. 4a which 
shows that the signal is significantly attenuated outside the passband. 
Hence, the circuit illustrated in Fig. 5 operates as a highly efficient 
RTS. Further, recalling that the center frequency of the transfilter is 
determined by the pitch of the IDT, that is lithographically, it is seen 
that a number of such transfilters operating at different center 
frequencies can be fabricated on a single chip having a common input 
and separate outputs. In other words, addressing in the context of Fig. 2 
is readily and efficiently achieved. Naturally, the complete device (the 
whole set of transfilters) needs to be carefully designed as each separate 
transfilter sees the rest as a net parasitic capacitance connected in 
parallel affecting thus the bandwidth of each transfilter. As noted above, 
the transformer ratio is determined by the ratio between the output and 
the input impedance, which can be varied in a wide range. Thus, 
assuming a limited interrogation power of 10 mW in the ISM band and 
interrogation distances of several meters, output voltages in the order of 
several volts become feasible[2]. This, of course, would be at the 
expense of longer integration time intervals in the range of 
milliseconds. In this context, truly passive RTS become possible by 
employing capacitive MEMS switches which require pull-in voltages of 
the order of several volts[4]. Fig. 7 illustrates schematically such a truly 
passive, addressable RTS. 

 
Fig 7. A schematic of a truly passive, addressable RTS 
 

In practice, a drain resistor connected in parallel to each MEMS 
switch is required to reset the switch to its initial state. Hard coding is 
achieved by both normally open ‘1’ and normally closed ‘0’ MEMS 
switches. 

It is noted that the thin film electro-acoustic technology is a low cost 
technology indicating low transfilter fabrication costs, most likely in the 
order of 10 cents in large volumes. In addition, it is fully compatible 
with the IC technology suggesting that transfilters can be fabricated on 
top of an IC provided the areas of the two are comparable.  Naturally, 
the area of the transfilter is inversely proportional to frequency. 

With respect to semiconductor charge pumps the transfilter excels in 
terms of efficiency, cost and size. Another distinct feature is the fact 
that there is practically no initial energy accumulation, unlike charge 
pumps where all coupling capacitors need to be sequentially charged. A 
further advantage of the transfilter is that it is a linear device operating 
at all input power levels, practically eliminating the so called “dead 
zone” of charge pumps. Not the least, for a full cycle rectifier the 
number of forward-biased rectifying devices in this case is 2 in contrast 
to charge pumps where this number is proportional to the degree of 
voltage amplification. Noteworthy, the transfilter has been operated at a 
power level of 250 mW for a period of several weeks without 
degradation.  

Other possible use of the transfilter includes stand-by units in 
remotely controlled home electronics such as TV, video, etc, wake up 
radio circuits in wireless sensor networks, addressable passive (non-IC) 
sensors, RFID tags, impedance matching, etc. Noteworthy, micro-
acoustic components can withstand high temperatures and harsh 
environments such as ionizing radiation widening their field of 
application to areas non-traditional to semiconductor electronics. 

Finally, it is noted that the device is not limited to Lamb waves nor is 
it limited to thin AlN films. Other acoustic waves, such as surface, bulk, 
etc may also be employed to achieve similar if not better performance. 
Further, piezoelectric materials with high piezoelectric constants such 
as LiNbO3, LiTaO3, AlScN[5], etc may also be employed to achieve 
large bandwidths. 

 

III. CONCLUSIONS 
A highly efficient, small size, low cost RF voltage transformer with 

filter functionality has been designed, fabricated and electrically 
characterized. A voltage transformer ratio of 10 at a center frequency of 
887 MHz has been demonstrated. An insertion loss of -5dB has been 
measured. Alternative designs are expected to decrease the insertion 
loss to around -1dB while higher transformer ratios are readily 
achievable. A wide range of possible applications has been identified. 
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Dynamic Models for Induction Motor Drives for Heavy 
Duty Regimes 

Dragan Vidanovski1and Slobodan Mirčevski2 

Abstract – In this paper the different strategies for induction 
motor regulation are presented. At the beginning of the paper we 
will show the methods for speed control for Induction Motor 
(IM). The methods have advantages and drawbacks in use for 
certain Duty cycle, for example calculation speed, speed need for 
response, cost depending from the purpose of motor drive. 
Electric motor drives according international standard IEC 
60034-1are divided in ten Duty types, from S1 to S10. This paper 
has purpose to make analysis for the S8, S9 and S10 duty types, 
which are with change of speed. The goal of this paper is to make 
proposition which method for speed control was adequate for 
certain Duty type cycle.  
 

Keywords – scalar, vector control, Direct Torque control, Duty 
cycles S8, S9 and S10 

I. INTRODUCTION 

In this paper we have made analysis of various methods for 
speed control and we want to show which of them is best for 
use for certain duty type. From the literature we know 
basically these methods for speed control: scalar (U/f=const.), 
vector, direct torque (DTC) and adaptive. We’ll make an 
analysis for speed of feedback, the correct (exact) feedback 
signal and techno economical reasons for applying certain 
type of regulation for S8, S9 and S10 duty type drives with 
IM.  

II. CONTROL STRATEGIES FOR SPEED 
REGULATIONS OF IM 

For control of IM drives are used several main control 
strategies, i.e. scalar, vector, DTC and adaptive control. Every 
one of them has its own characteristics, advantages and 
drawbacks.  

A. Scalar control 
For scalar control the main condition is to have U/f=const. 

i.e. stator flux to remain constant in region of speed changes. 
It is shown in figure 1.  

 
Fig.1. Torque-speed curves showing effect of frequency variations, load 

torque, and supply voltage change 

From figure 1 for given speed w3 at speed characteristic 
number 3, when load torque has a value of TL’ <TL the speed 
is w3

’<w3 lower than nominal speed at given frequency. When 
we have voltage drop from the network than we have change 
in the torque-speed characteristic from a to b and change in 
the speed of the IM. In speed dynamics with 
acceleration/deceleration it is possible the IM to become 
unstable.  

This method has advantages and drawbacks. Main 
advantage is the fact that there is no need of feedback, it 
works in wide range of frequencies and amplitudes till 
nominal speed, and there is a possibility for work in multi 
motor mode drive. This method depends from the following 
parameters i.e. voltage drop of the stator resistance, change of 
stator and rotor resistance, change of the input voltage of the 
inverter, works in two quadrants, producing draft in the speed 
while changing the value of the torque, flux, input voltage. 
This method has bad stability characteristic and slow response 
when we have dynamic mode of work. 

B. Vector control 
There are multiple sub strategies for vector or field-oriented 

control, i.e. direct, indirect, vector control (VC) of line-side 
PWM rectifier, stator flux-oriented VC, current feed VC, VC 
of cycloconverter drive, sensorless VC. Calculations of many 
parameters and their estimation are needed for accurate work 
of the IM drive. Voltage and current models of motors are 
used to calculate the flux vector and other parameters. 
The stator equations in the q d reference system tied to stator 
reference system for the IM are the following [3]:  

 
dt

d
irv qs
qssqs

Ψ
+=  (1) 
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Fig.2. T equivalent scheme of IM in q d reference system tied to synchronous 
speed of the engine for dynamic mode  
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 dt
dirv ds

dssds
Ψ

+=
 (2) 

If the equations are tied to the synchronous speed of IM, then 
we obtain the following equations: 

 dse
qs

qssqs dt
d

irv Ψ+
Ψ

+= ω  (3) 

 qre
ds

dssds dt
dirv Ψ−
Ψ

+= ω  (4) 

The equations (3) and (4) show that fluxes on q and d axis 
induce electromotive force (EMF) which is shifted for 2π  of 

dsΨ  and qsΨ respectively. If the rotor is not moving (spins), 

i.e. ,0=rω then the equations for the rotor are: 

 
dre

qr
qrrqr dt

d
irv Ψ+

Ψ
+= ω'

 (5) 

 
qre

dr
drrdr dt

dirv Ψ−
Ψ

+= ω'

 (6) 

If the machine rotates, then: 

 ( ) drre
qr

qrrqr dt
d

irv Ψ−+
Ψ

+= ωω'  (7) 

 ( ) qrre
dr

drrdr dt
dirv Ψ−+

Ψ
+= ωω'  (8) 

The main advantage of q d dynamic model is that sinusoidal 
variables in stationary reference system appear as DC 
magnitudes in the reference system tied to the synchronous 
speed of IM. Fluxes developed in the IM are the following: 

 ( )qrqsmqslsqs iiLiL ++=Ψ  (9) 

 ( )qrqsmqrlrqr iiLiL ++=Ψ  (10) 

 ( )qrqsmqm iiL +=Ψ  (11) 

 ( )drdsmdslsds iiLiL ++=Ψ  (12) 

 ( )drdsmdrlrdr iiLiL ++=Ψ  (13) 

 ( )drdsmdm iiL +=Ψ  (14) 

where leakage inductivity of the stator and rotor coil 
is msls LLL −= , mrlr LLL −= . By adjusting the equations 
we obtain the following: 

 
( )qssqs

m

r
qr iL

L
L σ−Ψ=Ψ

 (15) 

 
( )dssds

m

r
dr iL

L
L σ−Ψ=Ψ

 (16) 

where
rs

m

LL
L2

1−=σ  is called the leakage factor. 

For the control of IM it is necessary to present rotor flux 
through stator flux and current, i.e. equations (15) and (16). By 
using Fig. 2, the presented voltage equations and   derivation 
of equations (15) and (16) derived for qrΨ and drΨ  we’ll 
obtain the system of equations presented in matrix form: 
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σ  (17) 

This system of equations is called Voltage Model of IM. 
With appropriate changes of (17) we’ll obtain the following 

equations in the matrix form: 
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 (18) 

where ''
rrr rL=τ  is rotor time constant. It is called Current 

Model of IM. 
From the equations for voltage and current model of IM 

(17) and (18) respectively, it is clear that the change of rotor 
flux rotor is expressed by stator variables: voltage, power and 
speed that are measurable by appropriate methods and 
devices.  

From the voltage equations (17) we see the dependence of 
the IM parameters, as stator resistance sr and leakage 
inductances of the stator, rotor and mutual 
inductance mlrls LLL ,, . The temperature increases have 
significant impact on the estimated values of the parameters. 
The change in the value of stator resistance is dominant. For 
low frequencies, or low speeds of IM, the voltage signals 

dsqs vv ,  are very small. When we make a model, errors may 
occur in the integration mode, because it can happen to 
integrate the offset (noise) that occurs in system motor - 
inverter. 

In the current equations (18), the values of time constant 

rτ  and mutual inductance dominate. The influence of 
temperature on rotor resistance directly affects on the slip of 
IM and the q and d component of the rotor fluxes, which 
undermines the principle of decoupled, and therefore it is 
necessary to correct the control of IM. The change of 
temperature in the coils of the stator and rotor certainly 
depend on the type of the IM load.  

It is obvious that both IM models have their advantages and 
weaknesses. For a good control system it is necessary to select 
and adapt such a model that will use the best features of (17) 
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and (18). Including the fact that VC has internal feedback 
control, we can conclude that it has better stability than scalar 
control. Using the field weakening control, VC covers the 
small speed regions. With this type of control, power factor is 
increased, TDH becomes lower and IM drive works in all four 
quadrants. 

Disadvantages of this control method are the complexity of 
the control (needed DSP), sensibility of motor parameters 
(especially for small speeds). Ideal decoupling control is not 
possible because of the change of parameters and the final 
response time of the switches in the PWM inverter. 

C. Direct Torque Control 
In this section we will present the Direct Torque Control 

strategy. It has many advantages. The most important are not 
having feedback current control, not additional PWM 
algorithm is applied, no vector transformation as in VC. In 
this control system tables with voltage vectors are used, and it 
can be seen in which quadrant the flux and the torque vector 
are placed. As a consequence of the previously stated the 
switches become active.  

 
Fig.3. Direct torque control (DTC) 

The speed control loop and the flux program as a function 
of speed are shown in figure 3. The command stator flux Ψ∗, 
and torque T*, magnitudes are compared with the respective 
estimated values, and the errors are processed through 
hysteresis-band controllers, as shown. The flux loop controller 
has two levels of digital output according to the following 
relations: 

 Hψ=1 for Eψ>+HBψ.  

 Hψ =-1 for Eψ <-HBψ.  

where 2HBψ is total hysteresis-band width of the flux 
controller. The circular trajectory of the command flux vector 
ψS* with the hysteresis band rotates in an anti-clockwise 
direction, as shown in figure 4: 

 
 

а) б) 
Fig.4. Trajectory of stator flux vector in DTC control (a), and voltage vectors 

(b) and corresponding stator flux variation in time 
While working with this control type peaks are produced 

and distortion of the current, torque and flux, and it has 
limitations for small speeds (mainly of the change of the stator 
resistance). A modification has been made in the DTC with 
fuzzy logic and neuro-fuzzy control with internal loops with 
SVM (Scalar Voltage Modulation). Adding these methods we 
lose the simplicity and the time response of the DTC. 

D. Adaptive control 
Adaptive control techniques can be generally classified as 

Self-tuning control, MRAC (Model Referencing Adaptive 
Control), Sliding mode or variable structure control, Expert 
system control, Fuzzy control, Neural control. 

 
Fig.5. Block diagram of Self-tuning control 

In this method, as the name indicates, the controller 
parameters are tuned on-line to adapt to the plant parameter 
variation. In the figure 5 is presented a self-tuning control. 

In an MRAC, as the name indicates, the plant's response is 
forced to track the response of a reference model, irrespective 
of the plant's parameter variation and load disturbance effect. 
Such a system is defined as a robust system. The reference 
model may be fixed or adaptive and is stored in the DSP's 
memory.  

The advantage of using the Fuzzy Logic controller is that 
the knowledge of the exact parameters of the motor is not 
necessary. Depending on which input parameters are known 
voltage vs. current, temperature vs. stator current or flux error 
vs. change in flux error, the estimation of rotor resistance is 
made from rule table. This model uses PI controller, limiter 
and filters presented in figure 6:  

 
Fig.6. Fuzzy Logic controller 

Indirect field oriented vector-controlled induction motor 
drives are widely used in industrial applications for high 
performance drive systems. Because indirect field orientation 
utilizes an inherent slip relation, it is essentially a feed 
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forward scheme and hence naturally parameter sensitive, 
particularly to the rotor resistance. A mismatch between the 
actual rotor flux and the estimated rotor flux leads to error 
between the actual motor torque and the estimated torque and 
hence leads to poor dynamic performance. 

The idea for using Artificial Neural Network ANN in 
estimation of rotor resistance is to use the learning algorithm 
for learning the dynamic behavior of induction motor. With 
using the voltage (17) and current (18) equations with NN 
model of IM we can calculate weights of NN and then 
calculate motor parameters. 

 
Fig.7. ANN approach for calculation of motor parameters 

II. DUTY TYPES S8, S9 AND S10 
The International Electrotechnical Commission (IEC) is a 

worldwide organization for standardization comprising all 
national electrotechnical committees (IEC National 
Committees). The object of IEC is to promote international 
cooperation on all questions concerning standardization in the 
electrical and electronic fields. 

A. Duty type S8 – Continuous-operation periodic duty with 
related load/speed changes 
A sequence of identical duty cycles, each cycle consisting 

of a time of operation at constant load corresponding to a 
predetermined speed of rotation, followed by one or more 
times of operation at other constant loads corresponding to 
different speeds of rotation (carried out, for example, by 
means of a change in the number of poles in the case of 
induction motors). There is no time de-energized and at rest. 

B. Duty type S9 – Duty with non-periodic load and speed 
variations 
A duty in which generally load and speed vary non 

periodically within the permissible operating range. This duty 
includes frequently applied overloads that may greatly exceed 
the reference load. 

C. Duty type S10 – Duty with discrete constant loads 
A duty consisting of a specific number of discrete values 

of load (or equivalent loading) and if applicable, speed, each 
load/speed combination being maintained for sufficient time 
to allow the machine to reach thermal equilibrium. The 
minimum load within a duty cycle may have the value zero 
(no-load or de-energized and at rest). 

III. PROPOSITION WHICH METHOD FOR SPEED CONTROL 
WAS ADEQUATE FOR CERTAIN DUTY TYPE CYCLE 
For S8 duty type cycle our proposition is to use several 

types of speed controls: 

− indirect VC,  
− VC without feed forward from speed, 
− no need for special dynamic request, 
− no need for fast speed response, 
− usage of resistor for stopping the IM drive is good 

solution, 
− it’s possible to use thyristors and GTO. 

For S9 duty type cycle our proposition is to use these types 
of speed controls: 

− indirect VC, 
− VC with feed forward from speed, 
− need for fast dynamical request, 
− need for fast speed response, 
− usage of resistor for stopping the IM drive is good 

solution, 
− using inverter for dynamic break and for energy 

feedback, 
− usage of IGBT and FET is the good solution. 

For S10 duty type cycle our proposition is to use these 
types of speed controls: 

− Direct Torque Control DTC, 
− VC with feed forward from speed, 
− fast dynamical request is needed, 
− fast speed response is needed, 
− usage of IGBT and FET is the good solution. 

IV. CONCLUSION 
The main goal of this paper is to give a contribution in the 

process of decision making, which method in speed control is 
the most adequate for S8, S9 and S10 duty type cycles.  

Conclusion from this paper is that scalar control is not 
adequate for these types of duty cycles, which are with 
changes of speed and torque. For S8 duty type cycles it is 
possible to have good speed regulation with small investment. 
The most expensive equipment is for S10 duty type drives, 
because of the needs of fast speed response and fast 
dynamical request. In present the price of energy converters is 
decreased and with the features they have like energy saving, 
avoiding damages in the work machine (IM, mechanical part) 
and so one, the investment is refunded for a short time. 

In present market is existed many companies with wide 
range of different types of speed drive inverters. Appropriate 
choice is made by electrical engineers, who must have in mind 
the technical and economical aspect of projects they make.  
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Investigation of Memory Effect by Measurement of Time 
Delay of Electrical Breakdown in Commercial Gas-filled 

Surge Arresters 
Momčilo M. Pejović1, Nikola T. Nešić1  , Milić M. Pejović1 and Nataša J. Bogdanović2 

Abstract – Experimental data of mean values of breakdown 
voltage bU  of CITEL and SIEMENS gas-filled surge arresters 
(GFSA) obtained for voltage increase rates k=1-10 V/s with 
discretyzed dynamic method are presented in the paper. It has 
been shown that )(kfUb =  data are fitted very well by a 
straight line. The values of static breakdown voltage, which have 
been found at the intersection of the fitted line with bU -axis 

( 0=k ), are in accordance with nominal values reported in 
datasheet and within tolerance of 20%. Based on the time delay 
of electrical breakdown data, it has been shown that the response 
time of GFSA made by SIEMENS is independent of relaxation 
time and is 60 μs . Response time of GFSA made by CITEL 
increases with relaxation time, which is a consequence of the 
decrease in concentration of positive ions and neutral active 
particles formed during breakdown. Response time decreases 
with the increase of applied voltage. This decrease is dependent 
on relaxation time in the case of GFSA made by CITEL, while 
this is not the case with SIEMENS made GFSA.   
 

Keywords – Memory effect, time delay, GFSA. 

I. INTRODUCTION 

The gas-filled surge arresters (GFSA) are non-linear 
elements used in overvoltage protection. They are known in 
literature as surge voltage protectors (SVP) or gas discharge 
tubes (GDT). The main advantages of GFSA, in comparison to 
other protection components (suppressers diodes and metal 
oxide varistors), are: the ability to conduct high currents (>5 
kA), low intrinsic capacity (<1 pF), high insulating resistance 
( GΩ1> ) and low resistance in conducting regime ( Ω1.0~ ) 
[1-4]. These components are used in overvoltage protection in 
the range of 70-1200 V. GFSA are mostly used in protective 
circuits in telecommunications (where overvoltage may arise 
from different sources including lightning), as well as in high 
voltage engineering (where switching overvoltage may arise as 
a consequence of energy redirection within power systems). 
The main problems in GFSA application are response delay 
[5], cut off delay when voltage is disconnected and the 
existence of flow-up current in impulse regime, which is a 
consequence of GFSA activation by impulse voltage and the 

%20± deviation of GFSA activation voltage from nominal 
values reported in datasheet. 

GFSA operation principle is based on electrical breakdown 
in insulating gases. The voltage at which electrical breakdown 
occurs is called the electrical breakdown voltage and it is 
defined as the voltage when discharge in the gas transits from 
non self-sustaining to self-sustaining mode [6], which is 
characterized by rapid transition of gas from a poor electrical 
conductor with a resistance of about 114 Ωm10 −  to a relatively 
good conductor [7]. 

The electrical breakdown in insulating gases can be static or 
dynamic depending on the type of applied voltage. Static direct 
current (DC) breakdown occurs when the rate of change of the 
applied voltage is lower than the rate of change of elementary 
processes related to electrical breakdown. If these two rates are 
comparable, the breakdown is dynamic. The static breakdown 
voltage Us is a deterministic quantity, whereas the dynamic 
voltage Ub is a stochastic quantity with a certain distribution 
[8]. The Us can not be precisely determined, but only estimated 
[9]. 

One thing common for all gas-filled devices, including the 
GFSA, is the delay of electrical breakdown, which is present 
even when applied voltage is higher than breakdown voltage. 
The time which passes between the moment of application of 
voltage higher than breakdown voltage and the moment when 
GFSA current starts to flow is called the time delay of 
electrical breakdown dt . Response delay of GFSA is a 
consequence of electrical breakdown time delay, which 
consists of the statistical time delay st  and formative time ft , 

i.e. fsd ttt +=  [7]. st  is the time which passes from the 
moment of voltage application  on GFSA until the appearance 
of an electron which leads to breakdown. During this period a 
small current flows through the tube (10-19-10-8 A) but its 
fluctuations are of the same order as the current itself. The 
formative time ft  is the time taken from the end of the 
statistical time to the onset of breakdown, characterized by the 
collapse of the applied voltage and a self-maintained glow [7]. 

dt  is dependent on various parameters, but one of the most 
significant ones is the relaxation time τ , i.e. the time interval 
between two successive measurements when there is no 
voltage on the GFSA [10]. Based on functional dependence 

)(τftd = (memory curve), the presence of active particles 
responsible for the initiation of subsequent breakdown can be 
monitored, i.e. the memory effect in gas, which is responsible 
for time delay of GFSA, can be tracked. 

II. EXPERIMENT 

The measurements of time delay of electrical breakdown were 
conducted with commercial GFSA made by SIEMENS and 

1Momčilo Pejović, Nikola Nešić and Milić Pejović are with the
Faculty of Electronic Engineering at University of Niš, A.
Medvedeva 14, 18000 Niš, Serbia, E-mail:
nikola.nesic@elfak.ni.ac.rs.   

2Nataša Bogdanović is with the School of Higher Technical
Professional Education, A. Medvedeva 20, 18000 Niš, Serbia.
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CITEL. These components have two flat electrodes which are 
sealed in ceramic housing. The cross section of these 
components is presented in Fig. 1. The manufacturers haven’t 
disclosed the data of insulating gas type and pressure, although 
noble gases are most frequently used as an insulating medium. 
SIEMENS made GFSA have a small radioactive source built 
in the casing which supplies a constant electron yield (the 
number of generated electrons in the inter-electrode space per 
time unit) in order to decrease the response time. Static 
breakdown voltage (DC spark-over voltage) of these 
components reported by manufacturers is 230 V with %20±  
tolerance and this was obtained for voltage increase rates of 
100 V/s. On the other hand, the dynamic breakdown voltage 
(impulse spark-over voltage) is less than 750 V and this value 
was obtained for voltage increase rate of 1 kV/μs .  

 
Fig.1: GFSA cross section. 

The breakdown voltage was measured using the discretized 
dynamic method, i.e. method of DC voltage increase in step Up 
for defined duration of the step tp until breakdown. Voltage 
source for this system is a serial connection of two Keithley 
models 248 and 2400. The control of these two voltage sources 
is performed by personal computer PC via IEEE standard 
interface bus. PC sends the starting voltage value U0, which is 
considerably lower than expected breakdown voltage value, 
and this voltage is applied to the tube over Keithley model 248. 
Starting voltage level is increased for the value Up every 
predefined time interval tp.. The duration of time step tp is 
controlled by counter timer model ED2300-CT, which is a part 
of acquisition card ED2001. In order to provide the accurate 
breakdown detection, the current flow through device under 
test is monitored with A/D module of ED2001. Namely, 
Keithley model 248 has the output which gives the voltage 
value in the range from 0 to 10 V, which corresponds to the 
current in the range 0 to 5.25 mA. After breakdown it is 
necessary to maintain stable glow discharge in the tube. This is 
achieved by application of constant value Uc for a predefined 
time interval. After discharge GFSA is disconnected from 
power supply for the duration of the afterglow period, which is 
also controlled by ED2300-CT counter/timer module (see [11] 
for more details). 

Measurements of electrical breakdown time delay dt  were 
performed with the system which consists of DC power 
supply, analog and digital subsystem. Analog subsystem 
should provide accurate and fast voltage switching on the 
GFSA. For this purpose we have used IRG4PH40KD bipolar 
transistor with isolated gate. The switching is controlled by 
command signals from digital subsystem over TC429 
MOSFET driver circuit. Such system configuration provides 

satisfactory results regarding the accuracy, reliability and 
performance for time delay measurements. Roughly, the 
digital subsystem main function is to give measurement start 
signal, which controls the switching transistors and applies the 
voltage on the tube. The voltage pulse on the tube is shaped 
by the analog subsystem in the form suitable for detection by 
digital subsystem. Upon its detection time delay measurement 
is finished. The main part of digital subsystem is the 
microcontroller. The signals for the beginning and the end of 
time delay are detected on digital impulse pins, while the time 
interval between them is measured using standard timer 
interrupt routines with the use of 16-bit timer module. In order 
to perform accurate measurement CCP 
(capture/compare/PWM) module of the microcontroller is 
incorporated in the whole procedure (see [12] for more 
details). 

III. RESULTS AND DISCUSSION 

The dependencies of the mean values of breakdown 
voltage bU  on the voltage increase rate pp tUk /=  for 

SIEMENS and CITEL GFSA are displayed in Fig. 2. bU  was 
established from a series of 100 measurements of  Ub data for 
each value of k. Up values were varied from 0.1 to 1 V, while tp 
was 0.1 s, which corresponded to voltage increase rates from 1 
to 10 V/s. It can be seen that bU  increases for less than 1 V as 
k increases and that experimental results are fitted well by a 
straight line. The values of static breakdown voltage obtained 
at the intersection of the fitted lines and bU  axis for 
SIEMENS and CITEL GFSA are 250 and 245 V, respectively. 
These values are in good agreement with nominal values of 

20%V230 ±  given by manufacturers. 

 

Fig. 2: Mean value of breakdown voltage bU  as a function of 
voltage increase rate k for SIEMENS and CITEL GFSA. 

The dependencies of the mean value of time delay of 
electrical breakdown dt  on the relaxation time τ  (memory 
curve) for SIEMENS and CITEL GFSA are shown in Fig. 3. 

dt  is the mean value of a 100 dt  data obtained for each value 
of τ . dt  data has been obtained when voltage impulses were 
300 V. As can be seen from Fig. 3, for SIEMENS made GFSA 

dt  has approximately constant value of about μs60  for all 
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values of relaxation time. This shows that processes which 
occur in gas in SIEMENS made GFSA during discharge have 
no influence on the following breakdown since breakdown 
initiation is conditioned by electron yield caused by radioactive 
source. Based on the behavior of the memory curve of the 
SIEMENS made GFSA it can be concluded that response time 
of these components is entirely determined by the time needed 
for avalanche formation, which is in this case, μs60 . 

 
Fig. 3: Mean value of electrical breakdown time delay dt  as a 

function of relaxation time τ  for SIEMENS and CITEL GFSA. 
The shape of the memory curve of CITEL made GFSA is 

more complex than SIEMENS’s which is a consequence of the 
change of electron yield with the increase in τ . Namely, the 
electron yield in CITEL GFSA originates from electrons 
released from electrodes by ions and neutral active particles 
formed during and after breakdown. Recombination/de-
excitation time of these particles differs and insulator gas 
“remembers” that breakdown has occurred in it. This shows 
that response time of CITEL made GFSA depends on the type 
of particles which have a dominant influence on electron yield 
in the inter-electrode gap. Since in the region 

ms1000ms1 << τ  dt  increases from 20 to 40 μs  it can be 
concluded that electron yield originates from positive ions 
formed during and after breakdown (the mechanisms of 
positive ions formation and their contribution to electron yield 
is described in details in [13]). For ms1000>τ  electron yield 
originates from neutral active particles formed during 
breakdown and the mechanisms of their creation are also 
described in [13]. The probability of secondary electron release 
from the cathode by neutral active particles impact is much 
lower than probability of release by ions, which is manifested 
by the increase in dt  (increase of response time of GFSA). The 
concentration of neutral active particles decreases with the 
increase of τ  due to their de-excitation on the housing walls 
and electrodes, which leads to decrease of the electron yield 
and increase in dt . As can be seen in Fig. 3, the memory effect 
of CITEL made GFSA is present even at ms105>τ (memory 
curve has not reached saturation) which leads to conclusion 
that this components are less reliable than SIEMENS GFSA in 
overvoltage protection. 

 dt  dependencies on the applied voltage impulse for 
SIEMENS and CITEL GFSA are displayed in Figs. 4 and 5, 

respectively. These dependencies have been obtained for 
relaxation times of 3, 300 and 3000 ms. It can be seen from 
Fig. 4 that the increase of voltage impulse from 240 to 250 V 
leads to the decrease in dt  for one order of the magnitude 
(response time is also decreased for an order of the 
magnitude), while dt  has a much slower decrease rate for 
larger values of applied voltage impulse. With SIEMENS 
GFSA dt  is practically independent from τ . This confirms 
our conclusion that electron yield originating from the 
radioactive source has a main role in breakdown initiation, 
while memory effect can be neglected. 

 
Fig. 4: Mean value of electrical breakdown time delay dt   as a 

function of applied voltage Uw for SIEMENS GFSA. 

 
Fig. 5: Mean value of electrical breakdown time delay dt   as a 

function of applied voltage Uw for CITEL GFSA. 
dt  values of CITEL GFSA decrease with the increase of 

voltage impulse also (Fig. 5). However, the curves shift 
towards higher values of dt  with the increase in τ . The 
increase of dt  with the increase in τ  is in accordance with 
our conclusion that electron yield originates from particles 
formed during breakdown which decrease in concentration 
during afterglow period thus reducing the electron yield and 
increasing dt . 
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IV. CONCLUSION 

On the basis of the above written consideration, the 
following can be concluded. The static breakdown voltage, as 
a deterministic quantity, can very precisely be estimated by 
fitting the dependence of mean value of the electrical 
breakdown voltage on the voltage increase rate. The values of 
static breakdown voltage obtained in this manner are in good 
agreement with nominal values reported by manufacturers and 
within their tolerance range of %20± . The response time of 
GFSA can be estimated based on experimental data of time 
delay of electrical breakdown. The estimated value of 
SIEMENS GFSA response time is μs60  and this value is 
independent of relaxation time. This is due to the fact that the 
dominant contribution in breakdown initiation has a constant 
yield originating from radioactive source placed into the 
components housing. The response time of CITEL made 
GFSA increases with relaxation time, which is a consequence 
of the decreasing concentration of particles which contribute to 
electron yield in the inter-electrode space. Response time of 
SIEMENS GFSA decreases with increase of applied voltage 
and is practically independent of relaxation time.  

Finally, it should be pointed out that although SIEMENS 
GFSA have somewhat better characteristics regarding the 
response time, their main drawback is the negative effect of 
the radioactive source on the environment. 
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Smart sensor network  
for ergonomic evaluation of working environment 

Teodora Trifonova1, Valentina Markova 2, Ventseslav Draganov3, Krasimira Angelova4 and 
Vasil Dimitrov5 

Abstract - This paper presents development of a smart sensor 
network which allows the monitoring of the parameters in the 
workplace required for ergonomic assessment of working 
conditions. Two methods for measuring the change in the 
temperature are proposed. The described methods can be used 
for the other parameters of the workplace, which are concerned 
in the presented sensor network.  

Keywords – Smart sensor, Smart sensor network, LabView 

I. INTRODUCTION 

Globally, there is a steady increase in the attention that is 
paid to the health and the safety of the employees. Good 
working conditions are part of the motivating factors for them. 
[1]. Humans’ efficiency is influenced by temperature, amount 
of heat and ventilation, humidity, air movement, atmospheric 
pressure, quantity and quality of light, noise, concentration of 
CO2 and CO, magnetic field, vibration accelerations. Comfort 
is a feeling, we all instinctively seek. If the surroundings 
provide proper conditions, one is able to work more, without 
getting tired quickly and recover from fatigue faster. 

The wide variety of sensors, the advances in 
microelectromechanical systems integration and wireless 
communications are a prerequisite for the rapid development 
of technology in the field of sensor networks and their mass 
deployment in practice [2], [3]. The aim of this paper is to 
develop a smart sensor network which allows the monitoring 
of the environment in the workplace. 
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II. PARAMETERS FOR EVALUATION THE 
ENVIRONMENT IN THE WORKPLACE 

To achieve the maximum in the workplace the application 
of ergonomic criteria is needed. Business owners have 
responsibilities regarding health and safety of their 
employees. The requirements for the evaluation of the 
different working environment parameters are described in 
[4], [5], [6]. The parameters shown in table 1, are objects of 
the proposed study.  

 

TABLE1. BORDER VALUES FOR THE PARAMETERS OF THE 
WORKPLACE 

 

Parameter Border values for 
comfortable area 
min max 

Temperature [ºС] 18 24 
Humidity [%] 40 60 
Intensity of light [lux] 250 1000 
Noise [dB] 50 80 

III. SCHEMATIC DIAGRAM OF SMART SENSOR 
SYSTEM FOR ERGONOMIC ASSESSMENT OF WORKING 

ENVIRONMENT 
The purpose of this paper is to present the results of 

designing smart sensors to operate under the management of a 
smart sensor network. 

A system for collecting data from smart sensors, based on 
a wireless sensor network, including node NI WSN-3202 and 
Gateway (Gateway) NI WSN-9791. It is run by a PC using 
specialized software LabVIEW - Figure 1. 
 

 
Fig.1. System for data collection  

 A functional diagram of the proposed sensor network is 
displayed on fig.2. The information is obtained from the smart 
sensors S1.1 to S1.4, for tracking changes on 4 major 
environmental parameters - temperature, humidity, noise and 
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light. Signals enter from the sensors’ outputs to the analog 
inputs AI0 ÷ AI4 of the node. The inclusion of each of the 
sensors is performed by control signals coming from one of 
the digital outputs DO0 ÷ DO3 of the node. 
 

WSN-9791 PC

S1.1

S1.3

S1.2

S1.4

BATPWR

AI0

AI3

AI2

AI1

DO2

DO1

DO0

DO3

PWR

WSN-3202

 
 

S1.1 ÷ S1.4 – sensors (temperature, humidity,noise, light);  
PWR – battery power supply for the sensors; 
WSN-3202 – node; ВАТ - battery power supply for the node; 
WSN-9791 – gateway; 

Fig.2. Functional scheme of the system collecting data  
 

 The output of the sensors used, is a constant voltage varying 
within the limits set by the limit input voltages to the analog 
inputs of the used node - max ± 10 V. Since the use of "smart 
sensors", the requirement of independent battery power has 
been met, for the sensors’ power in digital output sensor 
(PWR) and the power of the node (VAT). 

From a wide variety, were selected sensors, the output of 
which is a constant tension in the specified limits: 

- temperature sensor type - TC1047A [7], the output 
voltage which is a linear function of temperature - amend 
from 0,1 V to 1,7 V with temperature changes from -40 to 
+120 ° C (Fig. 3); very low power consumption (max 60μA) 
at a supply voltage of 2,5 to 5,5 V. 

 
 

Fig.3. Dependence Uout = φ (Т) for TC1047A 
 

- humidity sensor - HCH-1000 [8], the capacity of which 
varies linearly from 300pF to 360pF, when modifying the 
relative humidity RH from 0 to 100%. 

- noise sensor - SPM0404LE5H-QB-38342 , sensitivity - 
38 dB, S / N ratio 62 dB, bandwidth. 

- a light sensor - OPT101 [9] of the output voltage which is 
a linear function of the light intensity, a sensitivity of 0.45 / W 
(at 650 nm). 

Output signal from the temperature and light sensor are 
constant voltages. This simplifies their connection to the 
analog inputs of the node. In this case, the use of buffer 
amplifiers is enough to decrease the disturbances of the 
connection cables. The output signal of the noise sensor is 
varying voltage, which has to be converted in constant 
voltage.  

The connection of the capacitive humidity sensor to the 
designed sensor network requires additional conversion, in 
order to provide constant voltage to the input of the node. 

 
IV. DEVELOPMENT OF SMART TEMPERATURE 

SENSOR 
 

To monitor the change in temperature of the environment 
with the proposed smart sensor system, the execution of the 
following two steps is required. 

Firstly, the deviation of the characteristic from figure 3, 
has to be shifted and scaled so that the indication of the 
system is directly shown in Celsius’ degree. Secondly, to 
ensure the signalization when the temperature reaches values 
in uncomfortable area. 
For realization of these two steps in this paper, two methods 
are suggested – circuit solution (design of a transducer) and 
software design with Labview (in this case sensor TC1047A 
is directly connected to the smart sensor system using the 
node NI WSN-3202) 
 
А. Circuit design  

  
To obtain a DC voltage proportional to the temperature, a 

transducer is designed, a simulated diagram of which is shown 
in Figure 4. 
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Fig.4. Circuit design of temperature transducer 
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For the proposed realization integrated circuit LM324 is 
used. It packs 4 Op-Amps - with very low power consumption 
(less than 1,2 mA), at a supply voltage 5V. 

Temperature sensor in this scheme is replaced with a source 
of constant voltage Vi, which during the study of the pattern 
varies between 0,5 V and 1,5 V. These values correspond to a 
change in the output voltage of the sensor with change in 
temperature from 0 to 100 º C. 

With the op amp U1A and U1V, the change in the input 
voltage Vi is converted to output change from 0 V to 1 V. The 
voltage on the input is fed through a buffer amplifier filled 
with op amp U1A through the voltage divider R1, R2, RP2 to 
the non-inverting input of the second op amp U1B. To the 
inverting input of U1B is submitted reference voltage from 
the divider R5, RP1, R6, which sets the "offset" of the output 
voltage so that the output voltage can be obtained at 0V input 
voltage Vi = 0,5 V. The output voltage of the intensifier, filled 
with U1B, is determined by the expression: 

265
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where, b is the portion of the potentiometer RP2, between 
the slider and the terminal connected to R4. 
After setting the zero indication of output, the input voltage is 
Vi = 1,5 V with potentiometer RP1 that adjusts the output 
voltage to be 1V. Actions, by settings, of the zero indication 
and the maximum (1V) is repeated several times until the 
desired contrast values are achieved, with accuracy to within 
0.1%. 

The dependence of the output voltage from the specified 
input range of variation nd the change of the relative error δ 
are shown in Table 2 

 
TABLE 2. DEPENDENCE Uo = φ (Ui) 

 

t [°С] 0 25 50 75 100 
Ui [V] 0,5 0,75 1 1,25 1,5 
Uо [V] 0,0465 250,088 500,13 750,171 1,0 
δ [%] 0,0465 0,0352 0,026 0,0228 0 

 

 
Research results of the scheme show that it can measure 

the temperature from 0 to 100 º C at a relative error less than 
0.05%. 

The second part of the scheme includes comparators 
implemented with U1C and U1D. Include the output of U1C 
LED LED1 (blue) lights up when the output voltage of U1V ≤ 
0,18 V, corresponding to the set min temperature 18 ° C. 
Include output U1D LED LED2 (red) lights up when the 
output voltage of U1V ≥ 0,24 V, corresponding to the set max 
temperature of 24 ° C. 

 
B Software design with LabVIEW 

 
There is a second embodiment of signal conversion from 

the output of the pattern, by using the potential of the 
programming environment LabVIEW. A developed block 
diagram of the voltage converter from the output of the 
temperature sensor and a comparator responsive to the limit 
value of the temperature is shown in Figure 5. 

 

 
 

Fig.5. Block diagram of the measuring system 
 

It can be seen in fig.6 the temperature’s indicators. Input 
voltage is fed to the input AI0 of the node (from Figure 2). Its 
value is reported by the program indicator AI. 

The current value of the temperature is recorded 
simultaneously with the two indicators "Temperature [° C]" - 
digital and analog. The transformation of the input voltage 
varies from 0,5 V to 1,5 V, in the indicator from 0 ° C to 100 ° 
C, is carried out by successively using the functions "-" and 
"x".  

Thus was prepared the indicator:  
( )100.5,0−= XY [%]   (2)  

where Х [V] is the value of the input voltage. 
Coefficients "0.5" and "100" are set in the respective blocks. 
 

 
 

Fig.6. View of the front panel 
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The second part of the scheme includes two comparators, 
connected to the output. They compare the current value for 
the temperatures with the minimal and the maximal, 
determined by the comfort area. The Time Loop function is 
used to regulate the interval between measurements.           
XY Graph shows the temperature’s changes in time. In this 
case, there have been made 20 measurements, 5 minutes apart. 
A fake maximum is made to demonstrate the reaction of the 
sensor and the activation of the alarm for high temperatures.  

The TC1047A sensor is directly connected to the input AI0 
of the node.  

For the purposes of the project, a test is carried out, 
measuring the temperature in a teaching laboratory at the 
Technical University - Varna, with duration of 42 hours. The 
results are presented in Figure 7. 

 

 
 

Fig.7. Variation of the room temperature  
 

It can be noted that the change of temperature is 
approximately 2.5 ° C.  The variation of the temperature is in 
norm according to the recommendations.  

The flexibility of the design allows the sensor network to 
include more sensors and the relative ease of tracking changes 
and other environmental parameters. 
 

V. CONCLUSION 
 

This report presents the design of smart sensor network for 
ergonomic assessment of factors affecting the health and 
performance in the workplace. The proposed system allows 
four parameters of the environment to be overseen, in this 
case – temperature, humidity, light and noise. 

In this paper, there is a detailed explanation only for 
measuring the change in the temperature. Two ways are 
developed and used. Firstly, a circuit design of a transducer, 
secondly, a sensor TC1047A connected to the smart sensor 
system using the node NI WSN-3202 and NI WSN-gateway 
9791, under the management of the programming 
environment LabVIEW. 

The other sensors can be connected to the node in 
accordance with the temperature one. Afterwards, the 
entire workplace environment can be monitored. 
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Abstract— This paper presents measurements and test 
performance for Integrated Digital Loop Carrier (IDLC) 
technology. We study the measurements which are based on 
upstream and downstream modes with statistical analysis 
approach. We focus on the statistical analysis measurement for 
noise margins on one type of loops – white noise impairment 
with fast mode. 

 

Keywords— integrated digital loop carrier; dsl; broadband  

I. INTRODUCTION  
Recently, telecommunications network providers improve 

and change their path in broadband technologies for better 
services and costs to customers.  They have increased the 
number of lines with extended distances from Central Office 
(CO) with high quality of services in voice and data.  From 
analog in Plain Old Telephone Services (POTs) to digital in 
Digital Loop Carrier (DLC), they have made great benefits to 
users [1-2]. The DLC technology is based on digital 
techniques to provide large services to users via copper lines. 
In today technologies, the IDLC system is broadly installed in 
delivering telecommunications services. Significant wiring 
and advantages of cost can be profited with the IDLC at 
remote locations. In this work, we illustrate the statistical 
analysis of the results of measurement of a test performance 
for the IDLC type of white noise impairment. 
 

A baseline test for the Listening Quality (LQ) using Voice 
over Digital Subscriber Line (VoDSL) access technology was 
studied in [3]. The research used Voice/Listening Quality 
(V/LQ) transmission with voice compression while 
countinously downloading files.  Indeed, those results enable 
the efficiency of the LQ and its statistical analysis based on 
the white noise impairment. Furthermore, based on the 
experimental VoDSL network architecture and the following 
DSL service levels 640K/ 640K, 1.5M / 384K, 3.0M/ 512K, 
and 1.5M/ 256K for each ANSI/CSA loops by using voice 
quality transmission testing with voice compression while 
continuously downloading files.  It was found that on certain 
loops all eight derived lines were not supported on IADs for 
VoDSL solution [4].  
 

 
 
 
 
 
 

Additionally, a traffic study is undertaken to determine if a 
64 kbit/s common signaling channel is sufficiently fast to 
meet the present and future call-processing needs of 
integrated digital loop carrier systems presented in [10]. Bell 
Communications Research has proposed the use of such a 64 
kbit/s common signaling channel in a requirements document 
(technical reference TR-TSY-000303), to satisfy call-
processing needs across the IDLC generic interface, 
whenever out-of-band signaling is used.  
 

The authors characterize the IDLC call-processing traffic 
on this message-oriented common signaling channel and 
examine associated design requirements in TR-303 under 
certain modeling assumptions (Poisson arrivals and 
exponential service times.) They showed that under worst 
case conditions, the study concluded that a critical message 
requiring a response within 100 ms would practically always 
meet that delay criterion. Also, critical messages requiring a 
response within 40 ms would fail once every 10 busy hours. 
Since no specific signaling response requirement of 40 ms 
has been found, their study concludes that a 64 kbit/s 
common-signaling-channel for the IDLC systems is 
sufficiently fast to achieve required signaling response times. 

II.  DLC AND IDLC TECHNOLOGIES 
Digital loop carrier is a technology that uses digital 

techniques over twisted-pair copper lines.  The DLC systems 
used for voice traffic only traditionally convert the telephone 
voice frequency signals into digital signals, then transmits the 
digital signals between local digital switch in CO and remote 
digital terminals near the subscribers [5].  

 
The DLC is remote terminal equipment used to transfer 

digital information between CO and the subscriber over 
copper or fiber cable [6]. The fiber/copper runs between the 
central office and the remote subscriber’s terminal. Using the 
fiber will serve larger numbers of users than using copper. 
The DLC is a remote-site box located on ground and 
connected to CO through a distribution line (fiber/copper). 
The DLC is used to bundle out many channels of voice traffic 
to user’s areas and remotely expand CO capabilities without 
placing expensive new cables.  The DLC system provides 
telephone services for variety of POTS, digital data systems, 
and Integrated Services Digital Network (ISDN) over T1 and 
SONET digital facilities [7]. Indeed, the functional 
components of a DLC system are explained and discussed in 
[8]. 

The Integrated Digital Loop Carrier is required when a 
digital loop carrier system is integrated into a local digital 
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link.  The IDLC is capable of supporting broadband and 
POTS. IDLC can support a greater range of services and 
advanced access network technologies [9]. The IDLC system 
consists of a remote digital terminal and an integrated digital 
terminal interconnected via a digital facility [10]. The 
functional components of an IDLC system are investigated in 
[8]. The IDLC can support both voice and high speed data 
services. The IDLC systems are the integration of the 
integrated digital terminal and remote digital terminal. The 
IDLC system moves some of the switching services from the 
local switches into remote digital terminals to increase the 
efficiency of communication lines between customers and the 
CO. 

III.  RESULTS AND DISCUSSION 
Laboratory testing can measure conformance to many 

industry requirements and can uncover many operational 
problems, but cannot fully duplicate conditions experienced 
in the field.  Digital loop carrier technology makes use of 
digital techniques to bring a wide range of services to users 
via twisted–pair copper phone lines. In this work, we use the 
test setup of the Integrated Digital Loop Carrier (IDLC) 
technology based on upstream and downstream modes shown 
in  Figure 1. The traffic generator located between the IDLC 
and the modem used to generate and receive the traffic, and 
the Asymmetric Digital Subscriber Loop Wireline Simulator 
(ADSL WLS) used to simulate the loops and the 
impairments.  Digital Subscriber Loop Access Multiplexer 
(DSLAM) with the DLC that make as the IDLC, the DSLAM 
used for data and server approximate 25 modems or more and 
is located at the CO. The Customer premises equipment 
(CPE) modem is located at the subscriber. The IDLC receives 
the voice and data and separates them by sending the data to 
network carrier and voice to the voice switch.  

 

 
Fig. 1. Test setup for the IDLC for the white noise impairment. 

 

Based on the above setup we found the following results 
using the measured value in kbps, and loop length (LL) in kft, 
26 AWG: we used loop 26 AWG with noise AWGN at -140 
dBm/Hz at both ends. The ADSL link has fast latency with 6 
dB target noise margin. Table I shows the data for the 
upstream performance and the downstream performance of the 
white noise impairment, with the Fast Mode. We observe in 
Table I that the only measured value for loop lengths 13 kft 

through 17 kft at the downstream performance failed 
compared to the others, while  all measured values are passed, 
for the upstream case.  

TABLE I.   WHITE NOISE IMPAIRMENT IN FAST MODE 
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0 800 800 P 8 8000 8000 P 15 
1 800 800 P 8 8000 8000 P 14.5 
2 800 800 P 8.5 8000 8000 P 17 
3 800 800 P 8.5 8000 8000 P 16 
4 800 800 P 8.5 8000 8000 P 14 
5 800 800 P 8.5 8000 8000 P 13.5 
6 800 800 P 8.5 8000 8000 P 9.5 
7 800 800 P 8.5 8000 8000 P 6.5 
8 800 800 P 8.5 8000 8000 P 5.5 
9 800 800 P 8 6944 6944 P 5 

10 800 800 P 4.5 5824 5824 P 7 
11 768 800 P 5.5 4448 4448 P 5 
12 704 768 P 4.5 3200 3200 P 5 
13 608 704 P 4.5 2176 2176 F 5 
14 512 608 P 4.5 1408 1408 F 6 
15 416 512 P 5 928 928 F 6 
16 320 448 P 4.5 608 608 F 6 
17 256 352 P 5 320 320 F 6 

 

 
The statistical analysis will be based on regression 

analysis and hypotheses testing for the results of the 
measurement of the test performance of the IDLC one type 
of loop for white noise impairment. 

 

A. Regression Analysis 
For the data in Table I, we check the loop length against 

the noise margin for both cases, namely the upstream and the 
downstream for the Fast Mode. Since there is only one 
reading per the loop length setup, we will investigate the 
relationship between the loop length and the noise margin for 
the upstream and downstream separately. In addition to that, 
the data analysis will be carried on those setups that have 
data. For contrast the three cases of regression (Linear, 
Quadratic, and Cubic) will be calculated. In the three cases, 
the loop length will be taken as a variable, while the noise 
will be the response for that setting. The results of the 
analysis for the data in Table I are shown in Table II, where R 
stands for the correlation coefficient of the relationship 
between the loop length and the noise margin, and R2 stands 
for the coefficient of determination which gives the percent of 
variation in the noise margin that was explained by putting 
the loop length in the function. 
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TABLE II.  REGRESSION ANALYSIS ON FAST MODE 

 
Fast Mode 

 
 Reg. Type Relation R2 R 

Up     

 Linear 
 
y = -0.2988x + 
9.2339 

0.6912 -0.8314 

 Quadratic 
 
y = -0.0097x2 - 
0.1337x + 8.7939 

0.7067  

 Cubic 

 
y = 0.0068x3 - 
0.1835x2 + 1. 0147x 
+ 7.4035 

0.8621  

     
Down     

 Linear 
 
y = -1.1236x 
+17.0110 

0.8377 -0.9152 

 Quadratic 
 
y = 0.0047x2 – 
1.1806x + 17.1154 

0.8378  

 Cubic 

 
y = 0.0366x3 -
0.6535x2 + 1.8545x 
+ 14.7019 

0.9382  

It is clearly visible that the linear relationship between the  
loop length and noise margin for the upstream case is as 
strong as in the quadratic case, as far as the percentage of 
variation explanation. This is in contrast with cubic that 
shows a stronger explanation of the variation due to the 
inclusion of loop length. On the other hand for the 
downstream, the three relationships show a very high 
correlation between the two variables. In both cases of the 
upstream and downstream, and for the linear setup, the loop 
length and the noise margin are negatively correlated as 
shown by the analysis in Table II. In case we overlook the 
loop length setup for the upstream and downstream, for the 
Fast Mode data in Table I, we see that the standard deviation 
in the noise margin for the downstream is more than 6 times 
than that in the upstream, based on the data points in Table I 
and the calculations in Table II.  

B. Statistical Analysis and Hypothesis Testing 
Due to the small sizes in the sample for the data on the 

upstream and downstream, a T-test of statistical hypothesis 
will be carried on the equality of the means versus that they 
are different, where 1μ  is the mean on the data of the noise 

margin for upstream and 2μ is the mean for downstream. 
Some restrictions will be taken into consideration, especially 
that the analysis was done for the data for the pass only, and 
on all the data as shown in the tables. Moreover, there will be 
no test on the equality of variances of the up and down 
streams data in all cases. Hence the test will be carried 
without pooling. That is, the two Hypotheses that will be 
tested are the following: 
 

0 1 2 1 1 2: 0 : 0H versus Hμ μ μ μ− = − ≠                           (1)                     
 

Tables III and IV show the t-test analysis of the results of 
Table I, the Fast Mode case. The test was run with the 
assumption of unequal variances due to the big difference 
between the variances of upstream and downstream cases. 
The test is carried out on the means of the noise margins for 
the downstream and upstream settings on those which were 
labeled as P only and on all the values, respectively. The 
difference between the noise margin for the upstream and 
downstream is significant at the 0.05 level of significance, for 
both of the one-sided and two sided tests, as shown in Tables 
III and IV. 

TABLE III.  T-TEST ANALYSIS FOR FAST MODE, PASS DATA ONLY 

t-Test: Two-Sample Assuming 
Unequal Variances   

Upstream versus Downstream , Fast 
Mode, Pass data only   

 
Up 

Variable 
1 

Down 
Variable 

2 
Mean 6.750 10.269 

Variance 3.478 22.859 
Observations 18 13 

Hypothesized Mean Difference 0  
df 15  

t Stat -2.519  
P(T<=t) one-tail 0.012  
t Critical one-tail 1.753  
P(T<=t) two-tail 0.024  
t Critical two-tail 2.131  
t Critical two-tail 2.032  

 

TABLE IV.  T-TEST ANALYSIS FOR FAST MODE, ALL POINTS 

 
t-Test: Two-Sample Assuming 

Unequal Variances   

Upstream versus Downstream , 
Fast Mode, All 18 points   

 Up  
Variable 1 

Down  
Variable 2 

Mean 6.750 9.028 
Variance 3.478 20.426 

Observations 18 18 
Hypothesized Mean Difference 0.000  

df 23  
t Stat -1.977  

P(T<=t) one-tail 0.030  
t Critical one-tail 1.714  
P(T<=t) two-tail 0.060  
t Critical two-tail 2.069  
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IV. CONCLUSION 
We performed the measurement of a test performance for 

the IDLC technology based on upstream and downstream 
modes.  Noise margins are measured in one type of loops for 
white noise impairment.  Furthermore, the passing and failing 
loops had been identified for this type. In the statistical 
analysis, we found that for the upstream of the Fast Mode, the 
cubic regression for the Fast Mode gave the highest R2 value 
of 0.8621 followed by the quadratic and then by the linear 
regression setup, with values of 0.7067 and 0.6912 
respectively. While for the downstream, and the Fast Mode 
setting, the regression analysis gave the value of 0.9382, 
0.8378, and 0.8377 for the cubic, quadratic and linear 
regression cases respectively. It is worth noting that the 
values of R2 are larger for the downstream than in the 
upstream setup.  
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Testing Procedure applied to Virtual Instrument for 
Analysis of the Power Quality Disturbances 

Milan Simić1, Dragan Živanović2, Dragan Denić3 and Goran Miljković4 

Abstract – Software supported procedure applied to testing of 
the virtual instrument, developed for detection, analysis and 
classification of the standard power quality (PQ) disturbances, is 
presented in this paper. This solution of the virtual instrument is 
developed in LabVIEW programming environment. Software 
algorithm for detection and classification of the PQ disturbances 
is tested using generated reference signal waveforms, in order to 
verify basic performances of the developed virtual instrument. 
For specific testing purposes is realized generator of the standard 
PQ disturbances, which is capable to simulate an almost every 
possible realistic scenario that can occur in power distribution 
networks. Software supported generator is enabled to generate 
long-time and short-time test sequences, including all categories 
of the PQ disturbances prescribed by European quality standard 
EN 50160. Each disturbance can be individually defined and 
generated using the separate functional segments. All individual 
disturbance categories can be combined and unified in the form 
of one final composite complex testing sequence, using various 
control commands implemented on front panel of the generator.  
 

Keywords – Testing procedure, Virtual instrument, LabVIEW 
software package, Power quality disturbances. 
 

I. INTRODUCTION 

Degradation of the electrical power quality (PQ), caused by  
increased using of the various power electronic components 
and powerful switching devices, directly affects on electrical 
power production process costs and reduces reliability of the 
customer electrical devices and equipment. In order to avoid 
such problems and to increase total energy efficiency level, 
electricity suppliers must provide appropriate quality level for 
the power distribution networks. For purpose of the customer 
protection, optimum PQ level is determined according to the 
relevant international quality standards and regulations [1,2]. 
Generally, PQ level is defined by acceptable interval values of 
the standardized quality parameters and some typical network 
disturbances. Relevant information necessary for assessment 
of the optimal quality level, can be provided by measurement, 
detailed statistical processing and analysis of the basic quality 

parameters at specific locations in some distribution network. 
Different classes of commercial instruments and equipment 
developed for measurement and software processing of the 
standard PQ parameters are available at the market. These 
instruments are developed to perform continuous monitoring 
of the power supply quality at selected locations in the power 
distribution networks. By measurement of the relevant quality 
parameters and by performing software supported statistical 
and diagnostic activities in the single or three-phase power 
distribution networks, these monitoring devices are capable to 
verify compliance of the measured quality parameter values 
with demands of the relevant PQ standards [3,4]. In order to 
satisfy specified level of the measurement accuracy and basic 
characteristics, devices for measurement of the PQ parameters 
must be followed by an appropriate metrological traceability 
chain. Metrological verification and testing of these devices 
must be performed in appropriate metrological laboratories. 
Reference instruments, such as voltage and current calibrators, 
are available in various functional and constructive variations. 
Such voltage and current calibrators are sources of the 
reference signals with high accuracy levels, which correspond 
to the secondary standards, laboratory and industrial standards 
in metrological traceability chain. Also, there are specially 
developed calibration instruments for specific types of the PQ 
meters, such as multifunctional calibrators Fluke 5520A and 
6100B, supported by the special functions for PQ calibration. 

Solution of the virtual instrument which will be presented 
in this paper, developed for automated detection, analysis and 
classification of the standard PQ disturbances, functionally is 
based on the LabVIEW virtual instrumentation software. This 
virtual instrument is capable to detect and analyze specific PQ 
disturbances as one of the seven possible outcomes: normal 
undisturbed signal waveforms, voltage swells, voltage sags, 
high-order signal harmonics, outage, voltage sag with high-
order harmonics and swell with high-order signal harmonics. 

II.  BASIC CHARACTERISTICS OF THE VIRTUAL 

INSTRUMENT 

Concept of the virtual instrumentation is based on standard 
computers, hardware components for signal acquisition and 
graphical software packages specialized for presentation and 
software processing of the measurement results. Generally, 
basic functionality of the developed virtual instruments can be 
easily changed by simple correction of the software algorithm 
which controls execution of the measurement and acquisition 
process. LabVIEW software package enables development of 
the virtual instruments according to specific user requirements 
using predesigned functional blocks, elements and instrument 
front panels from software databases. Each virtual instrument 
includes two primary segments: basic front panel and software 
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block oriented diagrams. Besides a number of the functional 
elements and blocks, functional block diagram of the virtual 
instrument in LabVIEW software environment, developed for 
detection, analysis and classification of the PQ disturbances, 
includes special MATLAB script and case structure which is 
capable to detect one of the seven possible outcomes related 
to previously mentioned disturbance categories. Front panel of 
the LabVIEW virtual instrument for disturbance detection and 
analysis is presented on Fig. 1. Final decisions about detected 
disturbance classes are indicated by numbers: 1 – undisturbed 
waveform, 2 – voltage swell, 3 – voltage sag, 4 – high-order 
voltage harmonics, 5 – voltage outage, 6 - sag with high-order 
harmonics and 7 – sweel with high-order voltage harmonics.   

 

 

Fig. 1. Front panel of the LabVIEW virtual instrument for graphical 
presentation of the voltage signal and decision chart 

On Fig. 1. are presented undisturbed voltage waveform and 
LabVIEW decision chart for graphical illustration of the final 
decision about detected PQ disturbance types in relation to the 
percentage amount of the disturbances. For this specific case 
virtual instrument for disturbance analysis is tested by normal 
undisturbed signal, so obviously final decision about detected 
PQ disturbance category is 1- undisturbed voltage waveform. 

III.  DESCRIPTION OF THE VIRTUAL INSTRUMENT 

TESTING PROCEDURE 

Procedure for testing of the described virtual instrument for 
analysis of the disturbances is performed using software based 
generator of the standard PQ disturbances. Solution of the PQ 
disturbance generator is based on the standard computer, D/A 
data acquisition board PCI NI 6713 and LabVIEW software 
package. Basic purpose of this generator is providing of the 
standard voltage waveforms, including some typical classes of 
the PQ disturbances, characteristic for real power distribution 
systems. Developed generator is capable to generate long-time 
and short-time test sequences, including some types of the PQ 
disturbances defined by European quality standard EN 50160, 
such as: slow voltage variations, voltage swells, voltage sags, 
spikes, interruptions, high-order harmonics, voltage swell with 
high-order harmonics and voltage sag with high-order signal 
harmonics [5]. Some basic functions of this PQ generator are: 

- definition of the nominal amplitude and frequency values, 

- definition of the signal sample rate and duration of the 
final test sequence, 

- possibility for generation of the Gaussian noise, 

- variation of the nominal signal frequency value, 

- slow variation of the signal amplitude value with defined 
frequency of the variation, 

- definition of the signal DC offset, 

- definition of the voltage swells and sags,  

- definition of the high-order signal harmonics components 
with up to 11 individual defined harmonics.  

 

Fig. 2. Functional block diagram of the procedure applied to testing of the virtual instrument for analysis of the PQ disturbances 
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In order to be more realistic, for particular disturbances is 
enabled definition of the signal rising and falling times, when 
disturbance change value from zero to defined maximum level 
as percentage value of the signal amplitude. For this purpose 
in LabVIEW software code is developed trapezoidal function 
as one common functional segment with time and amount of 
the disturbance variables in input cluster. For each individual 
disturbance can be separately defined start and stop times of 
this specific disturbance. By this software application is very 
easy to perform generation of the waveforms with various 
signal disturbances in serial combinations. Some additional 
types of the disturbances can be also generated as a subset of 
the developed generator. These characteristic disturbances are: 

- flicker as slow variation of the signal amplitude level, 
- pulse interference caused by lightning as high amount of 

the voltage swell, 
- voltage interruption defined as one type of the voltage sag, 
- voltage oscillation in short time caused by influence of the 

hugh-order voltage harmonic components. 

Functional block diagram of the procedure applied to testing 
of the virtual instrument, developed for detection and analysis 
of the PQ disturbances, is presented on the Fig. 2. Testing 
procedure is consisting of four connected functional segments: 

- input section for control of the individual PQ disturbances 
(percentage amount from 0 to 100%), 

- LabVIEW generator of the standard PQ disturbances, 
- analyzer of the PQ disturbances, originally developed in 

Matlab and implemented in LabVIEW software package, 
- chart for presentation of the decision about detected PQ 

disturbance types in relation to the percentage amount of 
the generated test disturbances. 

 

 

Fig. 3. Voltage test waveform and LabVIEW decision chart 
(percentage level of the voltage swell 0 – 100 %) 

Variation of the percentage amplitude level from 0 to 100% 
in input control segment can be enabled separately for each 
individual disturbance or at the same time for all types of the 
PQ disturbances. Generally, many different testing scenarios 
are possible, but for this specific purpose are analyzed some 
typical combinations of the signal disturbances. For example, 
on Fig. 3. is presented voltage test waveform with signal swell 
and correponding LabVIEW decision chart. Percentage values 
of the voltage swell are continuously changed from 0 – 100%. 
Final decision about detected disturbance is 2 – voltage swell. 

 
Disturbance level 25% 

 
Disturbance level 60% 

 
Disturbance level 90% 

 
LabVIEW decision chart 

Fig. 4. Test waveforms and LabVIEW decision chart (percentage 
level of the voltage sag and high-order harmonics 0 – 100 %) 
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Generated voltage waveforms and corresponding LabVIEW 
decision chart regarding to combination of the voltage sag and 
high-order harmonics are presented on Fig. 4. On this figure 
are shown three different cases of the generated test waveform 
in relation to the percentage amount of the voltage sag and 
high-order harmonics (25%, 60% and 90% percentage levels 
of the disturbances). For 25% disturbance level decision about 
detected event is 6 – sag with harmonics. For 60% disturbance 
level decision is still 6, but for 90% disturbance level decision 
is changed to 4 – high-order harmonics. Finally, for 100% 
disturbance level decision is again changed to 7 – signal swell 
with harmonics, as is indicated on LabVIEW decision chart. 

 
Disturbance level 10% 

 
Disturbance level 50% 

 
Disturbance level 90% 

 
LabVIEW decision chart 

Fig. 5. Test waveforms and decision chart (percentage level of the 
voltage swell and high-order harmonics 0 – 100 %) 

Final example of the voltage test waveform presented on the 
Fig. 5. includes combination of the voltage swell and certain 
level of the high-order signal harmonic components. For this 
specific example are also shown three different cases for 10%, 
50% and 90% amplitude levels of the voltage swell and high-
order voltage harmonics. For 10% disturbance level decision 
of the virtual instrument about detected disturbance category 
is 2 - voltage swell. Then, at some point decision is changed 
to 7, thus for 50% disturbance level, as well as for 90% level, 
final decision is constantly 7 – voltage swell with harmonics. 

IV.  CONCLUSION 

Procedure for testing of the virtual instrument, developed 
for detection and analysis of the standard PQ disturbances, is 
described in this paper. Functional basis of this procedure is 
provided using LabVIEW graphical software package. Virtual 
instrument is capable for detection of typical PQ disturbances, 
defined by European quality standard EN 50160, as one of the 
seven outcomes: normal undisturbed signal waveform, voltage 
swell, voltage sag, high-order signal harmonics, outage, sag 
with high-order signal harmonics and swell with high-order 
signal harmonics. Procedure for testing of this instrument is 
performed using software based generator of the standard PQ 
disturbances. Solution of the disturbance generator is based on 
the standard computer, data acquisition board and LabVIEW 
software package. Basic purpose of this generator is providing 
of the standard voltage test waveforms, including some typical 
classes of the signal disturbances, characteristic for real power 
distribution system. Each disturbance type can be individually 
defined and generated. Continuous variation of the percentage 
amplitude level from 0 to 100% in input control segment can 
be performed separately for each individual disturbance or at 
the same time for all categories of the disturbances. Generally, 
using this procedure are possible to perform many different 
testing scenarios, but for this specific purposes are analyzed 
some typical combinations of the various signal disturbances. 
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Improved Pseudorandom Absolute Position Encoder 
Goran Miljković1, Dragan Denić2, Milan Simić3, Aleksandar Jocić4, Jelena Lukić5 

Abstract – Pseudorandom absolute position encoders are well-
known electro-mechanical digital transducers for angular and 
linear position measurement in industry, robotics, power 
engineering, etc. One improved solution of pseudorandom absolute 
position encoder which uses two pseudorandom code reading 
heads, but also two pseudorandom code tracks is presented in this 
paper. Presented solution is easier for practical realisation, and has 
better performances, redundancy and reliability. It is detailed 
described how checking method of pseudorandom code reading 
correctness and reliable zero position adjustment method can be 
implemented in proposed encoder solution. 
 

Keywords – position measurement, pseudorandom position 
encoder, code reading, code reading correctness 

I. INTRODUCTION 

The optical absolute position encoders which have single 
code track based on pseudorandom binary sequences are good 
solution for precise positioning of various movable systems. 
The position measurement at pseudorandom position encoders 
is based on property of n-bit pseudorandom binary sequence 
(PRBS) that each sliding window of length n, which passed 
along a sequence, will extract unique code word in every 
moment [1, 2]. One code track is necessary at these encoders, 
no matter how many digits the code word includes, but the 
tolerance against yaw-angle errors becomes significantly 
smaller. Additional property, which makes possible serial 
code reading at absolute encoder, is that last (n-1) bits of the 
current code word are equivalent to the first (n-1) bits of the 
subsequent code word. Pseudorandom binary sequences are, 
besides at absolute position encoders, also used in 
cryptography, bit-error-rate measurements, wireless 
communication systems, audio applications, etc. 

Each designer of new pseudorandom position encoder need 
to develop following functional parts: the code reading system 
[3, 4], where can be used different solutions with one, two or 
more code reading heads, code scanning methods in the sense 
of reliable code reading moment defining [5], 
pseudorandom/natural code conversion [6] and error detection 

methods [7], which increase reliability of encoder. Code 
scanning methods are based on using of one external 
synchronization track or internal incrementally encoded wheel 
or by additional coding of pseudorandom code bits [5]. 
Pseudorandom binary code is not suitable for direct 
application in digital electronics, and so different methods for 
pseudorandom/natural code conversion are developed and 
they can be separated on three distinct groups: parallel [8], 
serial [2] and serial–parallel code conversion [2]. Parallel 
solution for code conversion is fast, but expensive and 
impractical for long PRBS. Serial code conversion is 
developed as one simple and cheap way for conversion of 
long PRBS. However, conversion time is critical for one 
absolute position measurement cycle. Development of 
different solutions of serial code converters has the main goal 
in reducing of conversion time. Serial–parallel code 
conversion is one compromise solution, which combines 
serial and parallel conversion techniques. During mounting on 
the shaft pseudorandom encoder provides possibility of direct 
zero position adjustment without a significant change of 
hardware, [9]. 

In the first part of the paper existing serial pseudorandom 
code reading methods are explained, and then one new 
improved solution is proposed. Then, it is presented 
implementation of pseudorandom code reading correctness 
checking method and reliable zero position adjustment 
method. Checking of pseudorandom code reading correctness 
is explained through one concrete example of low resolution 
pseudorandom encoder code disk. 

II. THE SERIAL PSEUDORANDOM CODE READING 
METHODS 

The pseudorandom binary code provides possibility of 
serial code reading with one sensor head and one bidirectional 
shift register, Fig. 1, which is not possible at classical absolute 
encoders. Code word is formed in the shift register and later 
converted to more convenient natural code. This solution has 
one disadvantage because it is needed initial moving of n bits 
for forming of the first valid pseudorandom code word. Also, 
it occur problem of losing position information at any change 
of movement direction, and solving of this problem requires 
additional hardware in encoder realization. 

 
Fig. 1. Serial pseudorandom code reading with one reading head 
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So, the code reading method that eliminates drawbacks in 
previously described solution [3] and enables additional 
possibilities is shown in Fig. 2. This solution is based on 
introducing one more reading head at distance of nq, where q 
is value of code track quantization step. A multiplexer 2/1 
consisted from two AND and one OR logic gate is used for 
selection one of two code reading heads depend on moving 
direction. When system is moving to the left shift register is 
loaded with bits from reading head x(n), and when moving to 
the right bits are loaded from reading head x(0). Presented 
solution provides continuity in pseudorandom code word 
forming and now loosing of position information during 
change of moving direction would not occurred. Also, this 
solution provides a reliable method for permanent checking of 
the code reading correctness, which significantly improves 
reliability of position encoder. But, this code reading method 
requires correction of position information for one moving 
direction and this arrangement of code reading heads is not 
suitable for practical encoder realization. 

 

Fig. 2. Serial pseudorandom code reading with two reading heads 

The code scanning in pseudorandom position encoder 
shown in Fig. 2 is solved by using an external synchronization 
track next to the pseudorandom code track. The sensor heads 
AUT and VER provide the synchronization pulses and 
information about the movement direction (RGT = “moving to 
the right”). Formed pseudorandom n-tuples code words are 
then converted to natural code using pseudorandom/natural 
code converter [6]. 

However, practical application of previous solution at high 
resolution encoders is difficult because two sensors need to be 
on very little distance from each other. Also, different 
environmental conditions such as temperature and vibrations 
can bring variations in distance between sensor heads, and this 
would cause code reading errors. In this paper is proposed 
improved solution with introducing of one additional 
pseudorandom code track, which would be same as the first 
code track, but shifted for (n-1) bits, Fig. 3. Application of this 
code reading method is especially convenient in systems where 
oscillations of movable system can occur. 

Now, each pseudorandom code track would have one code 
reading head and they will be arranged in line as at classical 
absolute position encoders. Most of previous solution practical 
problems are solved on this way, but price is introducing of 
one more code track. This improved solution also provides 
continuity in code word forming, simpler hardware realization, 

and increasing redundancy of systems and also realization of 
very good code reading error detection method. 

 

Fig. 3. Improved serial pseudorandom code reading with two reading 
heads 

On the market can be found high speed and high sensistive 
optical sensors, which are normally used for incremental 
encoders, but also can be used for proposed solution of 
pseudorandom encoder. One chip with 9 silicon P/N 
photodiode is shown in Fig 4, where active area of each 
photodiode is 0,236 mm2. This chip can be used for previously 
described solution where depend of disk diameter and concrete 
resolution need to apply a separate reticle. 

 
Fig. 4. MO-PMD09 optical sensor for encoder 

(www.micropto.com) 

III. CODE READING ERROR DETECTION METHOD 

The proposed solution of pseudorandom encoder enables 
implementation of reliable code reading error detection 
method, which will be explained below on the example of 4-bit 
resolution pseudorandom absolute position encoder, which 
code disk and arrangement of code reading heads is shown in 
Fig. 5. In this example is used 4-bit pseudorandom binary 
sequence 111101011001000. There are one synchronization 
code track and two pseudorandom code tracks shifted for three 
bits from each other. The synchronization track can be also 
used for increasing resolution of encoder. 

There are multiple sources of errors in pseudorandom 
absolute encoder: quantization error (due to digitalization), 
assembly errors (eccentricity), structural limitations (ellipticity 
of disc, disc deformations due to loading), manufacturing 
tolerances (inaccurately imprinted code patterns, positioning of 

384



 
 
code reading sensors) and ambient influences (temperature, 
vibration, contamination, light noise, humidity, etc.). 

The sensor heads AUT and VER provide the 
synchronization pulses and sensor heads x(0) and x(n) are used 
for pseudorandom code reading from two code tracks. The two 
code reading heads x(0) and x(n) [3, 7] can form two code 
words which should be on the same distance, and this fact 
enables implementation of procedure for checking of the code 
reading correctness, Fig. 6. So, one code reading head is used 
to form the main pseudorandom n-bit code word 
(corresponding to the current position), and the other code 
reading head is used to form the control pseudorandom n-bit 
code word. The loading of the code bits into the main code 
assembly register X (bidirectional shift register for forming the 
main pseudorandom code word) and into the control register Y, 
depends on the movable system moving direction, and it is 
shown in Fig. 6. 

 

Fig. 5. Pseudorandom absolute position encoder code disc 

After reading of each code bit, the checking for code reading 
errors is performed according to the following procedure. 
Firstly, the content of register Y is shifted n times to the left 
using the direct generation law of pseudorandom binary 
sequence (PRBS) (for movement of the MS to the right) or n 
times to the right using the reverse generation law of 
pseudorandom binary sequence (for movement of the MS to 
the left). Selection of direct or reverse generation law can be 
done on the same way as selection of code reading heads, 
where simple logic is shown in Fig. 1. Finally, the equality of 
the obtained code word and the content of register X is 
examined. 

Previously described principle can not be applied in the first 
n-quantization steps q right after the MS direction changing, 
because it starts with forming of the new control code word. 
However, during this time the bits which were been in the 
register Y immediately before the MS direction changing, are 
read from the code track and loaded to the main shift register 
X. Also, the bits which were been in the register X 
immediately before the MS direction changing are loaded into 
the control shift register Y. 

These bits can be used for checking the code reading 
correctness right after the MS direction changing and further to 
the moment when the complete control code word is formed 
again. After the each read code bit the checking equality of bit 
which was loaded in the main shift register X with bit which 
just stop to belong to content of control register Y. This can be 
realized by additional memorizing of that bit. Also, it is 
necessary to check equality of bit which was loaded in the 
control shift register Y with the memorized bit which just 
occurred on the serial output of register X. 

Let the MS moves to the left, and the current content of code 
assembly registers is {X = 0110} and {Y = 0010} (Fig. 6). 
After the MS moving direction changing, the new bits 
provided by the code reading heads x(0) = 0 and x(n) = 1 are 
loaded into the x(1) and y(1) stages of the code assembly 
registers X and Y, respectively. Obviously, in the moment 
when the new bit is loaded into the register X its correct value 
is in the stage y(4) of the control register Y. In the moment 
when the new bit is loaded into the control register Y its correct 
value is in the stage x(4) of the main register X.  

 

Fig. 6. Code reading error detection with two code reading heads 

Because the previous contents of the registers are 
simultaneously shifted to the left, in the moment of new bits 
loading in the main and control register, their correct value will 
be again in y(4) and x(4) stages. Similar consideration of the 
case when MS moving direction is to the right and occurs 
change of moving direction, gives conclusion that in the 
moment of new bits loading in the main and control register, 
their correct value will be always in y(1) and x(1) stages. 

IV. ZERO POSITION ADJUSTMENT METHOD 

The important functional part of pseudorandom absolute 
position encoders is zero position adjustment process. This 
adjustment process is usually performed right after mounting 
of encoder to the rotating shaft. The direct zero position 
adjustment procedure for the proposed pseudorandom position 
encoder can be performed according to algorithm which is 
detailed explained and shown in reference [10]. The direct zero 
position adjustment process is usually done only one time 
during encoder mounting on the motor shaft, and in the end of 
algorithm some special parameters about finishing of this 
process are memorized in the encoder flash memory. That 
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means, when encoder is later restarted these parameters stay 
memorized in encoder memory, so in further functioning of 
encoder algorithm for zero position adjustment is skipped. So, 
this algorithm does not further increase measurement time of 
absolute position. 

In algorithm, firstly are read n bits using code reading heads 
and loaded to n-bit shift register. These n bits represent first 
formed code word, which will be accepted for zero position of 
encoder, if error detection procedure which will be performed 
to next read n bits does not find some errors in code reading. 
Accurate determination of zero position is essential for further 
functioning of pseudorandom absolute position encoder. In the 
error detection procedure are examined next read n bit for 
reading errors using procedure which was explained in Fig. 6. 
Before accepting and memorizing the content of n-bit shift 
register in flash memory, whole procedure must be executed 
without errors. 

After procedure of direct zero position adjustment the 
encoder can start with absolute position measurements 
according to adequate algorithm. The pseudorandom absolute 
position encoders have advantage that any accurate read code 
word can be accepted as zero position. The 
pseudorandom/natural code converter now performs 
conversion process in relation to memorized zero position. 

V. CONCLUSION 

The two methods of serial pseudorandom code reading with 
one and two code reading heads are detailed explained. Then, 
one modified method of serial pseudorandom code reading 
with two code reading heads and with two pseudorandom code 
tracks is proposed and explained. With this modification easier 
practical realization of pseudorandom code reading process is 
obtained, better reliability and redundancy. Also method for 
checking of the code reading correctness for modified method 
of serial pseudorandom code reading is presented and detailed 
explained. This method significantly increases reliability of 
encoder in the process of absolute position measurement. 
Method for direct zero position adjustment in described 
encoder which minimally increase measurement time, much 
less than in the case of using of correction factor at each 
absolute position measurement cycle, is also proposed. For 
pseudorandom code reading in proposed encoder can be used 
optical sensors which are normally used for incremental 

encoders, it is no need for custom solutions of optical sensors 
which would increase price of encoder. 
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Trends in Increasing the Channel Capacity of FSO 
Systems 

Yordan Kovachev1 and Tsvetan Mitsev2 

Abstract – In this paper we present an overview of different 
methods for increasing the channel capacity of FSO systems.  We 
have proposed an in-depth analysis of each method for 
increasing CI.  Also possible integration of the enhanced FSO 
systems and clues for future development are proposed.  

This paper could be used to educate the reader (students or 
engineers) about the capabilities of FSO systems and help them 
choose the most appropriate solution, when developing a high-
speed, broadband, free-space optical system. 
 

Keywords – FSO, FSO-OFDM, FSO-CDMA, POLLMUX, 
Channel Capacity, CI. 

I. INTRODUCTION 

The free-space optical (FSO) systems are fairly new and 
attractive technology for delivering broadband communication 
services. They are easily deployed in urban areas, like the 
wireless microwave communication systems. At the same 
time they achieve data transmission speeds equal to the ones 
in fiber optical links.  FSO systems are also very flexible in 
terms of network topology. Having no need for licensing the 
frequency bandwidth used by FSO systems, we can say that 
they are also very cost effective technology for broadband 
communications. 

However there is a constant search of means to additionally 
increase the channel capacity (CI) of FSO systems.  For 
example the very high frequencies of laser beams (f Є [1014, 
1015] Hz) allow the multiplexing of very large bandwidths – 
wavelength division multiplexing (WDM) [1, 2]. Other 
technologies for increasing the channel capacity of a 
transmission lines, like OFDM (orthogonal frequency division 
multiplexing) [6, 7] and CDMA (code division multiple 
access) [4, 5], are employed in FSO as well. Although 
developed for microwave communication systems, recent 
studies show that these technologies can also be integrated in 
FSO systems. Another effective method for increasing the 
channel capacity of wireless optical systems is to multiplex 
optical beams with different polarization (POLLMUX) [8, 9]. 

 Besides reaching very high bit rates in the data 
transmission, the above technologies are  also showing  a 
tendency in keeping the availability of  FSO systems at 
respected levels. The data transmission in WDM, OFDM, 
CDMA and POLLMUX FSOs is achieved at very low bit-
error rates, BER Є [10-12, 10-6]   [1-10]. 

In the presented paper we have reviewed the means for 

increasing the channel capacity of optical systems. We have 
summarized the techniques for implementing those methods 
in FSO systems. Our analysis and  conclusions may be used to 
help and guide students in the field of optical communications 
to choose and fully develop a master’s thesis on  high-speed 
free-space optical systems. 

II. METHODS FOR INCREASING THE CHANNEL 
CAPACITY OF FSO SYSTEMS 

1. Wavelength division multiplexing in FSO systems 

Currently the most efficient method for increasing CI of 
optical communication systems is the wavelength division 
multiplexing. Originally developed for optical fiber 
communications, WDM can be fully integrated in FSO 
systems, as well [1, 2]. There are two kinds of wavelength 
division multiplexing: coarse wavelength division 
multiplexing (CWDM) and dense wavelength division 
multiplexing (WDM).  

CWDM uses wavelengths in the range of [1270nm, 
1610nm]. The channels spacing is 20nm, which allows 
multiplexing of up to 16 optical channels.  

In DWDM systems spacing between carrier beams is 
[0.2nm, 0.8nm].  DWDM systems use wavelengths in C (λ Є 
[15250nm, 1565nm]) and L (λ Є [15570nm, 1610nm]) bands; 
optical beams with these wavelengths are often used in FSO 
systems, because they belong to wavelength windows, in 
which the atmospheric extinction is minimal. Theoretically 
DWDM can multiplex 160 optical channels. However most of 
the dense wavelength division multiplexing optical systems 
combine up to 32 channels.   

An example block diagram of FSO system, using DWDM 
is presented in Fig. 1:  

 
Fig. 1 Block diagram of DWDM FSO system 

The WDM used in FSO is standard multiplexing scheme, 
same as the one used in optical fiber systems. The light 
emitted from the lasers (DFB: distributed feedback lasers) is 
modulated by a 40Gbps data streams (for test purposes pseudo 
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random sequence may be used) through  March-Zender 
(MZM) modulators. After that the laser beams are 
multiplexed, using array waveguide grating. Five kilometers 
long, non-zero dispersion fiber (NZDF) is used to de-correlate 
the 32 multiplexed beams. The beam is then amplified and 
passed to the optical unit.  The fiber-to-free space method is 
used in DWDM-FSO systems, that is the light is transmitted 
from the end of the single mode fiber to the optical aperture.   

Using a conventional optical unit (aperture) we can transmit 
32x10Gbps data streams. But if we use an optical terminal 
with integrated system for precision  tracking, acquisition and 
pointing (Fig. 2)  we can achieve 32x40Gbps, error free (BER 
~ 10-9), data transmission [3]. 

 
Fig. 2 Block diagram of the optical unit 

     Fig. 2 is a block diagram of the optical unit used in the 
DWDM system shown in Fig. 1. With the use of beacon beam 
and CCD camera it is possible to track the receiver’s position 
and very precisely point both terminals to each other.  The fast 
steering mirror (FSM) in combination with the PID unit assure 
that maximum power of the received laser beam is directed to 
the single-mode fiber (SMF) coupler, thus the SMF itself.  
The feedback, which the control unit uses to operate the fast 
steering mirror, is composed of beam splitter, an optical filter 
and a quadrant photo detector. 
  Using such optical transceiver (Fig. 2), the data transmission 
speed is increased to 1,28 Tb/ps (or 32x40Gbps), and at the 
same time BER is kept minimal (BER~ 10-9) [2].  

2. Using CDMA in FSO systems 

  Using code division multiple access (CDMA) in free space 
optical systems (Fig. 3) is fairly new trend in the methods for 
increasing FSO’s channel capacity.   
  A typical CDMA scheme is used to modulate the data 
stream. The incoming digital data flow is divided into n serial 
data streams. Each of them is coded with a pseudo random 
sequence (code). The signal is then modulated; QAM or PSK 
may be used. At the final stage the manipulated data stream is 
passed to an optical transmitter. Optical terminal with 
integrated tracking and acquisition scheme (Fig. 2) is advised 
to be used for transmitting the laser beam.   
   Fig. 3 depicts the code division multiplexing process, that is 
used in free-space optics.  

 
Fig. 3 Block diagram of CDMA used in FSO systems   

The same codes, developed for microwave communication 
systems, like  Kasami, Gold, Alamounti, PN-codes etc., are 
also used to encode the digital signal (before electro-optic 
transformation)  in FSO systems [4, 5].  
   Optical unit, like the one shown in Fig. 2 is used to transmit 
the optical signal into the atmosphere. However, if on the 
receiver sides, besides the tracking and acquisition, aperture 
averaging (AA) is used, the performance of the system would 
improve [5]. By using AA we can maintain a constant BER in 
the interval [10-10, 10-6].  BER rate remains in this interval 
even in cases of moderate and strong turbulence in the 
atmospheric channel. 
    Free space optical systems using CDMA have CI = 10 Gb/s 
and BER ~[10-8, 10-6].  These results, by far, exceed the 
channel capacity of microwave systems using CDMA.  For 
example UMTS CDMA networks, working with f =1800MHz 
or f = 2100MHz have CI= 5Mb/s.  

3. Using OFDM in FSO systems 

    This is another technology used to increase channel 
capacity (CI), which was originally developed for wireless 
radio networks, but is showing very good results, when used 
in FSO systems [6, 7].   

 
Fig. 4 Block diagram of an OFDM FSO system 

   Fig. 4 is a diagram showing the blocks used for constructing 
an FSO-OFDM system.  The bits in the  signal are first passed 
for a bit interleaving, then to forward-error correction 
encoding (FEC) and after that to phase manipulation (PSK or 
QAM); all of these operations are united in the FEC block in 
Fig. 4. Then the signal is divided into n serial data streams 
(S/P). After that it is passed to a symbol interleaving.  Then to 
inverse fast furrier transformation (IFFT). After that guard 
intervals are added.  Each of the produced I and Q 
components of the signal is then filtered and transmitted to the 
optical part of the system.  
   In FSO OFDM systems CI = 10Gb/s is achieved.  
   These systems can be additionally optimized by using 
LDPC codes to encode the digital signal. This way the 
sensitivity of the receiver is increased by 3dB, thus bit-error 
rate is decreased.    
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    By using different light polarization for the modulated (by I 
and Q) optical beams, the influence of turbulence induced 
fading on the transmitted laser signal is greatly reduced [8].   
    Fig. 5 is a block diagram of light polarizing optical unit 
used in FSO-OFDM systems. 

 
Fig. 5 Light polarizing optical terminal for FSO-OFDM systems 

4. Multiplexing laser beams with different polarization 

(POLLMUX) 

    As already mentioned in the previous paragraph, combining 
laser beams with different polarization is advantageous for 
FSO systems. Light beams of such kind are far less affected 
by the turbulence induced fading in the atmospheric channel.  
In POLLMUX FSOs the errors caused by random phase 
fluctuations of the system are decreased; also the 
information’s security in such system is increased [8, 9]. 
    The achieved channel capacity is CI = 100 Gb/s.  
    Generalized block diagram of  POLLMUX free-space 
optical system is presented in Fig. 6:  

 
Fig. 6 Polarization Multiplexing system for FSO 

  The signal is divided in two data streams using serial-to-
parallel converter. Then this two data streams are used to 
modulate the intensity of the laser beams (PM, usually MZM), 
which were produced by splitting the original laser beam 
using a beam splitter. The two optical signals are polarized. 
Then they are combined, using polarization beam combiner 
(PBC), and transmitted to the atmospheric channel. In the 
receiver the detected incident light signal is split (using 
polarization beam splitter PBS) and passed through 2*2 
Hybrid. After that it is converted by two similar photo 
detectors and the resulting electronic signals from both PDs 
are combined and passed for further processing.  

III.  ANALYSIS OF THE PROPOSED METHODS FOR 
INCREASING THE CHANNEL CAPACITY OF FSO 

SYSTEMS 

1. Analysis of the presented FSO systems 
The results accomplished by using the presented methods 

for increasing CI of FSO systems are analyzed in this section. 

Table 1 summarizes the results of the presented enhanced 
FSO-systems: 

Table 1 
Method for 

increasing CI 
CI, Gb/s L, m BER 

DWDM(1) 40 350 10-6 
DWDM(2) 1280 212 10-9 

FSO-CDMA 10 350 (10-7, 10-12) 
POLLMUX 112 300 (10-7, 10-12) 
FSO-OFDM 12 450 (10-7, 10-12) 
(1) Without pointing system 
(2) With pointing system (CCD camera) 

The graphical representation of the data in Table 1 is Fig. 7:  

 
Fig. 7 CI achieved by using different methods for increasing the 

channel capacity of FSO systems 
The difference between the channel capacities of the two 

DWDM systems is because of the used optical terminal. In 
DWDM(1) a conventional optical terminal is used , while in 
DWDM(2) the used optical terminal has a precise tracking and 
pointing system (Fig. 2).  A DWDM FSO without pointing 
system (DWDM (1)) can also achieve CI ~ 1Tb/s, but the bit-
error rate will be too high, making such FSO system unusable. 
By using a beacon beam and CCD camera (Fig.  2) for 
tracking and precise pointing of both terminals, practically 
error free data transmission (BER< 10-8) can be achieved.  

The typical parameters (CI, length, BER) of commercially 
available FSOs are presented in Table 2: 
                                              Table 2 

Vendor CI, Gb/s L, km BER 
LightPointe 1.25 2.8 (10-9, 10-12) 

MRV 1.25 3.5 (10-9, 10-12) 
CableFree 1.5 1.5 (10-9, 10-12) 
SonaBeam 2.5 1 (10-9, 10-12) 

 
It is obvious that the conventional FSO systems (Table 2) 

are offering far slower data transmissions, than the wireless 
optical systems using CDMA, OFDM, DWDM and 
POLLMUX. For example CDMA and OFDM technologies 
integrated in an FSO system increase its channel capacity 8 to 
10 times. However, commercially available FSO systems 
allow data transmission to greater distances (Table 1, Table 
2).  

As said before the free-space optical systems allow 
transmitting of information at higher bit rates, than the 
microwave communication systems (Fig. 8):  
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Fig. 8 Channel capacity achieved by microwave communication 

systems 
   Fig. 8 represents the latest technologies for increasing CI in 
microwave radio-communication systems. Fig. 8 shows that 
transmitting data at bit-rates of 5Gbps would require at least 
100MHz bandwidth. Such bandwidth could not be obtained 
by using microwave frequencies.  
  From the analysis of the presented FSO systems, can be 
concluded that FSO systems achieve channel capacity equal to 
the one in fiber-optics communication systems. This makes 
FSO systems a competitive technology. They can be used in 
hybrid (fiber-to-free-space) links for: enterprise connectivity, 
last-mile access network, backup lines etc. 
   FSO systems, using WDM, OFDM, CDMA, POLLMUX, 
practically eliminate the “bottleneck” effect in 
telecommunication networks.  They can also be used to 
realize the concept of next generation network, which delivers 
high-speed broadband services to the end user (Fig. 9):  

 

 
Fig. 9 Next generation network, using FSO system 

2. Possibilities for further enhancement of FSO  
 

Despite the achieved results, in terms of channel capacity 
(CI), we think that there are more means to enhance the FSO 
systems.  

In the process of analyzing DWDM integration in FSO 
systems, we concluded that using system for precise tracking 
acquisition and pointing improves the system’s performance.  
Same method could be used to increase CI of OFDM and 
POLLMUX FSO. 

Different polarization circuits, with decreased number of 
splitters and combiners, could be used in order to avoid losses 
in the optical system. This way a faster optical data streams 
could be transmitted.   

Another way to enhance FSO systems is by improving their 
availability. For example: by using different channel codes; or 
by using different methods for detecting the received optical 
signals.  By improving the system availability, decreasing 
BER, data streams with higher bit-rates can be transmitted, in 
other words decreasing BER, allows the increasing of CI.  

 It is also possible to develop a relay-assisted free-space 
optical link, which can transmit data to longer distances. 

IV.   CONCLUSION  

In this paper we have reviewed different methods for 
increasing the channel capacity of FSO systems, some of 
which could also be used for improving the availability 
(decreasing BER). WDM, OFDM, CDMA and polarization 
multiplexing/POLLMUX were analyzed as possible means for 
increasing CI of wireless optical systems. Generalized block 
diagrams of each of the technologies were presented.  The 
advantages of each technology were summarized. Possible 
future enhancements of the FSO systems were proposed.   

This paper could be used by master students, studying 
Telecommunications, at Technical University of Sofia, for 
designing high-speed broadband FSO systems. 
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Abstract – A model of engineering education in the field of 

construction is introduced in this paper. It is designed by 

following the criteria of the Bologna Declaration, the European 

and domestic labor market, as well as the specifics in the existing 

level of development of the engineering faculties in Macedonia 

(infrastructure, human resources, labs, equipment, etc.). This 

model can serve as a basis for reform of the existing models of 

engineering education, with a sole purpose to increase efficiency 

and to effectively increase the level of quality in the field of 

engineering education. 
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I. INTRODUCTION 

The modern economy requires that engineers quickly and 

easily adapt to the changing needs of the world around them. 

“Engineers of the future”, in addition to technical knowledge, 

should possess a wide range of personal, interpersonal and 

systemic knowledge and skills that will enable them to 

function successfully in actual engineering teams and to 

produce real products and systems, meeting the needs of the 

organization and society in general.  

Of course, this raises the question of reform in higher 

education of engineers. Bologna Process, through its 

requirements for defining the results of education and 

competences that every engineer should obtain after 

completing his higher education, is actually a request for a 

different placement of the interaction between higher 

education and the labor market.  

According to the analysis of the labor market, employers 

and managers require engineers who, after completing their 

higher education, will be prepared to engage in the work 

process that will continuously update and upgrade their skills 

and knowledge, to communicate effectively and work as a 

team.  

Great challenge and of primary importance for the 

engineering faculties in Macedonia is to educate cadres who 

will be able to engage in the economy.  

At global level, there are many different approaches to the 

implementation of the reform of national systems of higher 

education in the technical sciences. Analyzing some models of 

higher education of engineers, one can conclude that the role 

of industry and the economy as a whole is crucial in all of the 

engineering education reform.   

II. CRITERIA TO DESIGN A NEW STUDY PROGRAM  

Two major parts can be identified in the criteria to establish 

a new approach for the design of a new engineer-constructor 

study program. 

The first part includes the external criteria as an objective 

of the Bologna Declaration, and consists of several blocks. 

The first block of external criteria is enforced by the Bologna 

Declaration itself: 

 Adoption of a system based on two cycles 

(undergraduate and graduate) 

 Establishment of a credit point system (ECTS) 

 Promotion of the mobility of students, teachers, and 

administrative staff 

 Adoption of a system of easily readable and 

comparable degrees 

 Promotion of European cooperation in quality 

assurance 

 Promotion of an European dimension in higher 

education 

 Added the third cycle of doctorate studies 

 

The second block of external criteria is dictated by the 

European labor market, representing the supply and the 

demand for mechanical engineering staff and its engagement 

in- and out of the borders of the EU member states. The third 

block of external criteria is dictated by the Macedonia’s 

candidate-status for the EU membership and the need for 

harmonization of the legislative in the other, indirectly 

connected sections with the high education.   

The second part contains the internal criteria relating to: 

 Labor market in the Republic of Macedonia, 

population, level of education and competence, supply 

and demand trends (similarly, the analysis of the 

employment policy, the current trends for motivating 

students to study mechanical engineering, etc.); 

 Existing technical infrastructure in the higher education 

area and the field of engineering; 

 Human resources: management, teaching staff, 

administration;  

 Technical conditions: laboratories, equipment, ICT; 
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 Weaknesses and opportunities from  the old curricula 

together with the gained experience; 

 Required profile of mechanical engineers on the labor 

market of the Republic of Macedonia and the whole 

European area. 

III. SUBJECT AND OBJECTIVES OF THE STUDY 

PROGRAM 

In this paper, an educational model for engineers-

constructors that are required on the Macedonian labor market 

(especially in the Pelagonia region) is offered. During the 

creation of the model, all the necessary internal and external 

conditions that must be met for the successful implementation 

of the model are taken into consideration. The essence of this 

model is in an integrated interdisciplinary designed project 

that runs through the entire engineering program of study, 

through the introduction of integrated training block.  

By defining such a model for education of engineers-

constructors, according to the criteria that originate from the 

Bologna Declaration, European and domestic labor market, 

and the specifics of the current level of development of 

engineering faculties in Macedonia, the aim is to educate staff 

that will be able to effectively and efficiently integrate in the 

economy. Despite the direct beneficiaries, i.e. the students, 

indirect beneficiaries, i.e. the parents, the local community, 

universities, the labor market and the entire society, will 

benefit as well. Therefore, the process of defining a model for 

the education of engineers-constructors means raising the 

level of quality in the engineering education.  

The subject of the study program is to educate students in 

the engineer-constructor vocation, in accordance with the 

needs and the level of development of the country, very 

complex engineering problems in the mechanical and civic 

engineering, which in the direction of society development 

must be resolved. The study program of engineers-

constructors is designed in such a way that it provides the 

acquisition of competencies, knowledge, and skills that are 

socially justified and useful.  

IV. PEDAGOGICAL AND DIDACTIC APPROACH IN 

THE DESIGN OF THE ENGINEER-CONSTRUCTOR 

MODEL OF EDUCATION  

 Creating a stronger bond between the teaching methods 

and the engineering educational programs requires a 

transmission of a wider spectrum of knowledge, skills and 

opinions to the young students. The undergraduate 

engineering education program encompasses some tension 

between two growing needs. From one side, there is the need 

of engineers that hold technical knowledge that is more on the 

theoretical perspective, and on the other side, there is the need 

of engineers that hold interpersonal skills that allow them to 

function more successfully in the real engineer’s teams and in 

the real working environment. 

Education experts claim that by using various teaching 

methods they provide a better strategy of implementing the 

learning process to an engineer-constructor student. The goal 

is to involve the student to be more active in the educational 

process where he/she can contribute with deeper knowledge 

of the theoretical material by developing skills of independent 

learning. This is the only effective way of developing and 

modeling the expert abilities and skills required for 

completing the selected material. 

V. STRUCTURE OF THE STUDY PROGRAM 

The requirements that are given for the creation of an 

engineering profile that will respond to the needs of the 

European area of the labor market, which Macedonia is 

willing to accept, opens several dilemmas. This paper is 

composed to provide and answer through defining a new 

proposal of a curriculum that will allow finding the optimal 

solution of the existing problem.   

The basics of the new structure are the four areas of 

construction science given in Fig. 1 [7]. Each area is 

represented by two subjects in each year of the studies (given 

in bold type in Tables 1 and 2). 

 

 

 

 

 

 

 

 

Fig.1. Structure of the education of engineers-constructors 

 

The curriculum proposal with the structure trough the four 

years (8 semesters) is given in Tables 1 and 2. 

TABLE I 
THE FIRST AND SECOND YEAR (SEMESTERS 1-4) 

Subject 
Teaching 

hours 
Credits 

Introduction to industrial design  2+2 6 

Statics and strength of materials 2+2 6 

Engineering mathematics I 3+3 9 

Methodical construction  3+3 9 

Foreign language 2+2 6 

Structural materials 2+2 6 

Engineering mathematics II 3+3 9 

Computer Aided Design 3+3 9 

Product and process technology 2+2 6 

Machine elements 1 2+2 6 

Elected topics in engineering 3+3 9 

Parametric modeling of 

mechanical constructions 

with Mechanical Desktop 

3+3 9 

Engineering metrology 2+2 6 

Engineering programming 2+2 6 

Kinematics and Dynamics 3+3 9 

Structural design 3+3 9 

Methodic 

design 

First year 

Engineering 

construction 

Second year 

Engineering 

practice 

Third year 

Practical  

work-Case 

study 

Fourth year 

година 
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TABLE 2 
THE THIRD AND FOURTH YEAR (SEMESTERS 5-8) 

Subject 
Teaching 

hours 
Credits 

Machine elements 2 2+2 6 

Technical regulations and 

mechanical rights 
2+2 6 

Mechanical design and 

methods of optimization 
3+3 9 

Reliability in design 3+3 9 

Methods of diagnostics and 

maintenance 
2+2 6 

Basics of the Finite Elements 

Method (FEM) 
2+2 6 

Mechatronic design 3+3 9 

Construction in relation to 

noise and vibration 
3+3 9 

Business and Entrepreneurship 2+2 6 

Ergonomics in construction 2+2 6 

Project Management 3+3 9 

Product design and 

development (project) 
3+3 9 

Selection and application of 

materials 
2+2 6 

Constructing and testing 

prototypes 
2+2 6 

Constructive product 

development 
3+3 9 

Practical design (project) 3+3 9 

 

Therefore, in order to provide a greater flexibility of the 

study program, during the academic years, in addition to the 

compulsory subjects, elective subjects are also projected. 

These are chosen from groups of elective subjects, while 

students have an opportunity, according to their own 

aspirations and desires, to choose one subject either from the 

Faculty of Technical Sciences – Bitola, or the “St. Kliment 

Ohridski” University, or any other university in the country or 

abroad. At the same time, certain conditions that are 

prerequisites for attending the classes of the optional subject 

should be fulfilled.  

The ratio of European credits that are earned by certain 

types of subjects is in accordance with the existing legal 

norms in the Republic of Macedonia and the “St. Kliment 

Ohridski” University. Each subject brings a certain number of 

European credits (ECTS), and for the completion (graduation) 

of the first cycle, it is necessary to achieve the minimum of 

240 European credits. 

VI. QUALIFICATIONS AND COMPETENCIES OF 

GRADUATE STUDENTS 

Acquired skills and competencies associated with the 

proposed items in the curriculum are given in the following 

Table 3: 

 

TABLE 3 
ACQUIRED SKILLS AND COMPETENCIES 

Skills and  

competencies 
Features Subjects 

Global and 

Strategic 

Allows to reach 

knowledge 

implemented 

worldwide 

Foreign language  

Business and 

Entrepreneurship 

Industrial 

Skills and 

knowledge are 

not scientific and 

professional 

and are required 

in advanced 

undergraduate  

studies 

Introduction to industrial 

design  

Health and safety of work 

Eco-design 

Technical regulations and 

mechanical rights  

Methods of diagnostics and 

maintenance  

Constructing and testing 

prototypes 

Social 

Creating 

engineer with 

high ethical and 

moral standards 

Ergonomics in construction 

Practical 

Direct 

involvement of 

students in 

activities or 

situations of real 

life, which 

provides the 

basis for 

integrated 

knowledge of 

intra- 

and inter- 

engineering and 

non-engineering 

Project Management 

Constructive product 

development 

Product design and 

development (project) 

Practical design (project) 

Professional 

Acquiring 

professional and 

technical 

competencies 

required to 

perform specific 

engineering 

tasks 

Mechatronic design  

Methodical construction 

Computer Aided Design 

Parametric modeling the 

mechanical constructions 

with Mechanical Desktop 

Structural Designing 

Mechanical design and 

methods of optimization 

Reliability in design 

Construction in relation to 

noise and vibration  

The selection and 

application of materials 

Scientific 

Laying a solid 

foundation in 

engineering, 

enabling future 

engineers to 

restructure and 

to include the 

changes in the 

scientific field 

and to develop 

interest in design 

Engineering mathematics I 

Engineering mathematics II 

Kinematics and Dynamics 

Statics and strength of 

materials 

Structural materials 

Product and process 

technology 

Elected topics in 

engineering  

Engineering metrology 

Engineering programming 

Basics of the Finite 

Element Method 
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VII. CONCLUSION 

Successful business owners demand engineers to quickly 

and easily adapt to the new changes in the working 

environment. Nowadays, the new and more sophisticated 

technologies require more techniques with extensive 

knowledge and set of skills such as flexibility, 

multidisciplinary competence, teamwork, problem solving and 

project work.  

According to the analyses of the needs in the labor market, 

the employers and the managers seek for engineers that, after 

their education, can easily find their gained skills and 

theoretical knowledge in a practical usage in the working 

environment. 

In this direction, this paper defines a model of an engineer-

constructor that is required on the Macedonian labor market, 

especially in the Pelagonia region. In the process of creating 

this model, many internal and external criteria are taken into 

consideration. The essence of this model is in the design of an 

integrated interdisciplinary project that runs throughout the 

academic engineering program by introducing integrated 

learning block of training. 

Therefore, the main purpose of this structured model can be 

defined in several main benefits: 

 General knowledge of several different scientific areas 

close to each other, and closely related to 

constructional work; 

 Ongoing practical work during the four-year 

apprenticeship; 

 Upgrade of the construction work knowledge and skills 

by gaining practical experience of using the theoretical 

knowledge in the real working field; 

 Practical realization of the process of construction 

through the use of software, measurement equipment 

and final preparation of complex real problem with 

participation in a team. 
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Abstract – In this article a short description of topologies of 

wireless sensor networks is made. It regards topology star, mesh 
and cluster. More attention is paid to the third topology, as some 
of its advantages over the other two are listed. 
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I. INTRODUCTION 

   Wireless sensor networks (WSN) appear to be a subdivision 
of  wireless networks without infrastructure, where there are 
higher requirements to the size of the sensor nodes and the 
optimization of the activity time of each of them  aiming at 
energy saving. 
   WSN are networks with decentralized structure in which the 
information is wirelessly transmitted, mainly through radio or 
optical connection and there are higher requirements to the 
size and the duration of the nodes. 
   The nodes main tasks in WSN are detection and reporting of 
different parameters as temperature, illumination, humidity, 
radiation etc. The collection of the wanted information from a 
certain district could take months and years. For this task 
fulfillment nodes functionality is divided into three groups [3], 
each of them is subject to optimization: 

 
• environment connection 
• computing and processing 
• communication 

 
   Environment connection includes the environment factors 
and their values detection, as well as discovering neighboring 
nodes and their coordinates determination. This functionality 
is fulfilled in two modes – normal and that of reduced 
consumption. 
   Computing and processing in the nodes are connected with 
analyzing, calculating and summarizing of the information. 
For this purpose different kinds of microcontrollers are used. 
   For communications between nodes there are routing 
algorithms and protocols, which depend on the architecture of 
the network. They could be classified into two main groups 
according to their logical structure: data-centric, hierarchical 
and location-based. 
   Wireless sensor networks are preferred when the 
infrastructure building is difficult, unprofitable; the network is 
of a temporary use etc. 
   The listed features of WSN lead to certain requirements: 

low energy consumption (due to the use of restricted 
autonomous power supply); small sensor sizes; security and 
protection of the transmitted information and so on. 
 
 

II.WSN TOPOLOGIES 
 

   Most often nodes are randomly scattered, as the location and 
the connections between them determine the network 
topology. 
   Tree main types of topologies have been established in 
practice: 
 

• star 
• mesh 
• cluster/tree 

 
   Nodes in these main topologies could be divided into two 
main classes: Full Function Devices-FFD (Router node) and 
Reduced Function Devices-RFD (End node). 
   FFD support full set of functions and could play the role of a 
coordinator of network CN (Gateway) or of a common 
device. At the same time RFD can be used as common 
devices. They have got smaller memory, computational 
resource and smaller energy consumption [1].   

      1. STAR TOPOLOGY 

 

                                       Fig.1 Star topology 

   In star topology  devices could be FFD or RFD. They 
function as terminal devices and communicate directly with 
CN [5].   
   This is the simplest topology. Its name is connected with the 
spatial location of the end nodes around the coordinator node. 
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CN is a specialized device for quick date exchange, but it can 
also be a personal or pocket computer (PDA).Its purpose is to 
manage the work of the end devices, to exchange data with 
them and to relay the collected date to other networks. 
   Star topologies are Single-Hope Systems, which means that 
data from the transmitter is transferred to the receiver with 
one hop. Their structure is point-to-multipoint type. 
   The main advantage of these networks is that they have the 
lowest energy consumption. The perimeter covered by the 
network is equal only to the range of the end nodes, which is a 
disadvantage. 
   Besides their reliability is not big – the disruption of the 
connection between the sensor nodes and the network 
coordinator, due to malfunction for instance, could not be 
compensated. It is recommended that these networks should 
have up to 30 nodes and cover an area with a radius of 100 
meters [2]. 

      2. MESH TOPOLOGY 

 

                                    Fig.2 Mesh topology 

   In Mesh topology (fig.2) all the devices should be FFD, as 
an exception is made only for the most distant ones. In this 
case communication with CN could also be implemented with 
transition of the packages across multiple nodes, which 
indicates that these types of networks are Multi-Hop Systems 
[4]. 
   Furthermore several routs are possible between any two 
nodes, as the network software chooses the shortest one of 
them. This means reduction of the energy being consumed, 
due to the well known fact that the necessary radiated power 
is proportional to the square of the distance. Furthermore for 
consumption restriction the work algorithm of WSN ensures a 
precise synchronization of data exchange – the transmitting 
node sends a control package for the switching on of the 
receiver of the receiving node. It reacts quickly, accepts the 
data and switches off instantly. 

   With the appearance of a damaged node (Router node) or 
large distortions through the rout, another one is automatically 
found, and for this reason these are Self-Healing Networks. 
With switching on and off of the devices to the network and 
presence of moving nodes in it (as it is with GSM networks) it 
also changes routs, which makes it Self-Configuring Network 
too. Self-Configuring allows the network to recognize 
automatically and involve in action each new node.     
   Network structure is called Point-to-Point-to-Point, Peer-to-
Peer. Unlike WSN star topology, where all the management is 
concentrated in the CN node, here it is distributed between all 
nodes and therefore this network type is with Distributed 
Control. 
   Apart from the much better communications in mesh 
topology there is a possibility for covering a significantly 
larger area compared to star topology. 
   Another advantage is the facilitated check of nodes 
functionality and network as a whole by means of specialized 
diagnostic device or a computer.  The fast and easy 
installation and starting of such a WSN should be noted as 
well.  

     3. CLUSTER TOPOLOGY 

 

                                Fig.3 Cluster topology 

   In cluster topology (fig.3) groups of nodes that 
communicate only with one FFD, called cluster-head, are 
differentiated. 
   The head has more energy, memory and computational 
resource. There is also a possibility for collecting 
(aggregating)  more information with buffering the packets in 
the memory and calculating the collected data. After that it 
transmits in multi-steps (via the other heads) only the 
information that is approximated and updated without 
surpluses to the base station.  
   In this network types each cluster could work at different 
frequencies compared to the neighboring cluster and in this 
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way collisions could be avoided and network communication 
quality can be improved. 
   Each cluster can use different keys for data encryption and 
in this way network becomes more protected. 
   In cluster approach scalability as well as network 
productivity could be improved. 
   There is self-organizing here as well, i.e. nodes find their 
neighbors by their own and are individuated in groups 
(clusters) with a central node (head). This happens without 
participation of centralized management of BS. For clusters 
life prolonging and consequently of network as a whole, 
protocols are used in which change of the heads in the group 
is laid. 
   Schedules awake-asleep are used for receiving and 
transmitting the information, i.e. switching on and off of the 
transmitter and the receiver. Transmission is accomplished 
only when there is a change of  parameters of the reported by 
the sensor information  

                 III. CONCLUSION 

   From what has been written up to now several important 
conclusions could be made. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

   Firstly it should be noted that Wireless sensor networks 
quickly find their application in different areas of surrounding 
life. Rational methods for increasing of their energy 
efficiency, duration, safety and so on are looked for. 
   In building wireless sensor networks with cluster topology 
energy efficiency is significantly improved because 
transmitted data to the final user is reduced many times. In 
this way of connecting network has high communication 
quality and high safety degree that makes it hardly vulnerable 
to external attacks. 
   All this prolongs network’s life and makes it attractive for 
construction and utilization 
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QWS Surge Protectors Testing Using  
Random High-Voltage Pulses Modeling 

Kliment Angelov1 and Miroslav Gechev2 

Abstract – In this paper an application of random high-voltage 
pulses by studying the protection degree of QWS surge 
protectors has been described. Using the method described 
above, statistical parameters such as frequency and probability 
of occurrence of a residual pulse with a given energy can be 
defined. The results allow to compare the ability of different 
protective devices based on these probabilistic terms. 

 
Keywords – Surge Protection, QWS, Random Impulses. 

 

I. INTRODUCTION 

In today's world of complex communication systems it is of 
great importance to closely observe these systems in order to 
achieve high availability and reliability in the phases of their 
design and construction. To have robust analytical tools, with 
which to analyze the processes that pose a threat to the 
operation of the equipment, is an important element in 
simulation optimizations of communication devices. There are 
many processes and each of them requires special methods for 
its reading. 

To a large extent communication equipment is standing on 
the basis of electronic technologies and therefore a serious 
threats appear such as electrostatic discharges, switching 
surges and consequences of lightning strikes. There are 
numerous standards [1] [2] [3] in this part of the 
electromagnetic compatibility, which define high-voltage test 
pulses, conditions for research, etc. However, the search for 
more precise models for these processes can lead to a better 
optimization of the devices. 

This article reviews a simulation evaluation of the safety 
features of QWS protective devices. A special methodology is 
used. It includes generation using a mathematical model of 
random interference pulses in order to demonstrate the 
stochastic nature of electrostatic discharges in the nature.  

II. DESCRIPTION OF THE PROBLEM 

A. Theoretical Basis 

High-voltage interference pulses are characterized by a 
steep climb front and a relatively smooth fading rear edge of 
the current over time. Standards have been adopted for 

different types of effects of electrostatic discharges, lightning 
strikes and switching surges that specify duration of these 
fronts and the amplitude value of the current over time. Some 
of them are:  
• 200 kA, 10/350 μs – the first positive and negative 

direct strikes of lightning to the ground; 
• 50 kA, 0,25/100 μs – for subsequent strikes; 
• 10 kA, 8/20 μs – for secondary lightning strikes and 

switching surges. 
In other studies [4] [5] exponential formulas of a 

mathematical model are given. These formulas describe the 
waveforms over time t, as: 

 

( ) ( )tt
m eekItI βα −− −= , (1) 

 
where:  

I(t) – current value of the current; 
 Im – the amplitude value of the current; 
 k, α and β – coefficients determining the type of the 

pulse. 
In other publications, the authors of the present article, [6] 

[7] proposed the following model: 
 

( ) tcb
m etaItI .... −= ,  (2) 

 
in [7] is considered the possibility of using randomly 
determined values of the parameters a, b and c to generate 
high-voltage interference pulses that show the stochastic 
nature of electrostatic discharges in nature. The generation of 
random form of pulses leads to a difference in the total charge 
on each of them, as well as to changes in their spectral 
composition which can be determined by applying the Fourier 
transform to the already obtained by (2) disturbing pulse: 
 

( ) =fI Ƒ ( ){ }tI .   (3) 

 
In most cases, the antenna’s QWS protective devices can be 

considered as filters omitting frequencies of operating signals 
of the respective radio communication systems, and ground all 
other frequency components. The input impedance for 
connection to antenna’s feeder is frequency-dependent and 
can be determined by the relation: 
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( ) ( )
( ) cQWS

cQWS

ZfZ
ZfZ

fZ
.
.

= ,  (4) 

Where by Zc is indicated the nominal wave impedance of 
the feeder, and by ZQWS(f) – the frequency-dependent 
impedance of shunt protective device. In consequence  
ZQWS(f) has significantly bigger values for various 
frequencies, the flow of disturbing currents I(f) will lead to 
the emergence of a residual impulse the spectral distribution 
of voltage of which can be described by the following 
relation: 

 

( ) ( ) ( )fZfIfUQWS .= ,  (5) 

 
Quantitative performance of the safety devices can be 

evaluated by analyzing various parameters of the residual 
signal, such as its energy, amplitude, etc. The residual impulse 
can be obtained by using the reverse Fourier transform: 

 

( ) =tUQWS Ƒ ( ){ }fUQWS
1−

. (6) 

 
If analysis of a QWS protective device is performed using 

multiple randomly generated interference pulses, a  statistical 
criteria for evaluating the effectiveness of protection using a 
residual impulse with a higher energy than a given value, 
occurrence of pulses with a given energy, etc, can be 
determined. To define the energy of the residual impulse the 
following can be used: 

 

T
Z

UE
c

RMS .
2

= ,   (7) 

where URMS is the effective value of residual voltage 
impulse UQWS(t) with duration T. 

 
 

B. Test Implementation 

Fig. 1 shows the block diagram of the algorithm for 
analytical study of the effectiveness of QWS protective 
devices with help of random high-voltage pulses. The random 
number generator sets values for the coefficients b and c of 
the model (2), with the coefficient a is achieved a 
normalization of the amplitudes of the interference pulses to 
the same value, in order to make a comparative analysis of the 
response of the protective device at different pulse forms. 
Then on the generated impulses the Fourier transform of (3) is 
applied and after the application of the impact of protection 
device according to the relationship (5) is applied a reverse 
Fourier transform using (6) to determine the type of the 
residual pulse. 

 

 

Fig. 1. Block Diagram of the Algorithm 
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The described processes are repeated until a predetermined 
number of pulses n is reached, and after each iteration the 
energy of the residual impulse is determined by (7). By 
performing statistical analysis on the set of values Ei of the 
energy of the residual impulse, the probability of occurrence 
of a residual pulse with a given energy can be determined. For 
this purpose are calculated the mean value, the variance and 
the coefficient of variation respectively (8), (9) and (10), 
where n is the number of pulses in the random sample. 
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In order to show the actual distribution of occurrences of 

pulses to their energy correctly, the model should generate 
random pulses which are asymmetrical with respect to the 
average distribution. The residual pulse should also have 
similar distribution. In such cases, the value of the coefficient 
of variation is much greater than 30%, wherein the normal 
(Gaussian) distribution cannot be applied. Solution can be 
found using the Weibull distribution, which can be described 
by the relation: 
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The values of the coefficients k1 and k2 are determined by 

the formulas: 
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The possibility of occurrence of residual pulses with equal 

or bigger amount of energy can be found using the following: 
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III. RESULTS 

Using the MATLAB [8] software, simulations of the 
probable distribution of residual impulses by using the 
algorithm specified in Fig. 1 had been made. To set the values 
of the coefficients b and c during the generation of high-
voltage disturbing pulses a random number generator had 
been used. Table I indicates the intervals of their variation, as 
they meet the standardized pulses of first positive and 
negative direct lightning strike to the ground and secondary 
lightning strike and switching surges. By using the coefficient 
a of model (2) normalizing of the amplitudes of the pulses to a 
value 2kA had been made. With such value of the peak 
current a lot of laboratory data of manufacturers of antenna 
protective devises around the world can be found, for example 
refer to [9] [10].  

TABLE I 
COEFFICIENT VALUES 

Coefficient 10/350 μs 8/20 μs Random 

b 0,145 2,78 0,145 ÷ 2,78 

c 0,00325 0,26 0,00325 ÷ 0,26 

 
An analytical study of the effectiveness of two types of 

QWS protective devices had been made: 
• Conventional market QWS protective device designed 

to protect the antenna inputs of base stations of cellular 
mobile system standard GSM 900; 

• QWS protective device with elements of fractal 
branched structure developed by the participants in this 
authors team, which is intended to protect the antenna 
inputs of base stations of cellular mobile systems 
working simultaneously on standards GSM 900 and 
GSM 1800. 
 

For achieving a credible evidence from the statistical 
analysis it is necessary to make a sample with a sufficiently 
larger number of elements. In Table II are listed the values of 
the average energy of residual pulses, the variance and the 
coefficient of variation for n = 5000 with the minimum and 
maximum values for the energy of the residual pulses in the 
study of both QWS protective devices.  

It should be noted that the average values of the energy of 
the residual pulses of the tested protective devices is different 
from the values quoted by manufacturers such as [9] and [10] 
for 8/20μs pulse with amplitude 2kA. Both these companies 
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provide values for the energy of residual impulse, respectively 
5μJ and 7μJ, for devices designed to work under the standards 
GSM 900 and GSM 1800. This is due to the algorithm which 
generates high-voltage disturbing pulses which have 
considerably big charges. 

TABLE II 
STATISTICAL PARAMETERS 

Parameter 

Value 

UnitStandard QWS 
device for 
GSM 900 

Fractal QWS 
device for 

GSM 900 & 
GSM 1800 

Mean 
Value 3 942,91 727,69 µJ 

Standard 
Deviation 6 460,46 1222,01 µJ 

Coefficient 
of Variation 163,85 167,93 % 

Number of 
impulses 5 000 5 000 - 

Minimum 
value 0,69 0,11 µJ 

Maximum 
value 51 948,26 13 903,54 µJ 

 
Fig. 2. shows the density of the probability distribution 

defined by formula (11) and the values of Table II for the two 
analysed protective devices.  

 

 

Fig. 2. Probability Density Function 
 
Fig. 3. gives information about the probability of 

occurrence of residual pulses with greater energy than the two 
studied QWS protective devices determined by formula (14). 
From the same figure it can be seen that the probability 
function in a fractal branching QWS protective device is 
positioned lower than that of the conventional device, which 
corresponds to a higher efficiency of the protection of high-
voltage interference pulses. 

 

Fig. 3. Probability Function 

 

IV. CONCLUSION 

From the foregoing, the following conclusions can be 
drawn: 

- The proposed algorithm in this paper used for 
analysing the QWS protective devices, provides very 
good results and takes into account the stochastic 
nature of high-voltage discharges in nature; 

- The suggested by the authors branched fractal QWS 
protective device have high efficiency; 

- It is appropriate to make an experiment to confirm the 
effectiveness of the branched fractal QWS protective 
device, revealed by the simulation results. 
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Impact of Laser Beam Divergence on Power Design of 
Free Space Optics Communication Systems 

Boncho Bonev1 

Abstract – In this paper the expression for the minimum 
divergence of the laser beam that satisfies power design of free 
space laser communication systems for given Bit-Error Rate and 
statistic of laser beam fluctuations is obtained. It is based on the 
modelling descriptions of the current laser beam expansion. This 
expression is used for numerical simulation of influence of laser 
beam divergence on possible solution of power design problem.  
 

Keywords – Free Space Optics, Power design, Mechanical 
vibrations, Atmospheric turbulence. 
 

I. INTRODUCTION 

Free space optics (FSO) systems have been becoming 
subject of great interest in the last years [1-6], because they 
are an alternative of fiber optics and their technical and 
economical parameters most fully correspond to the 
requirements resulting from the growing significance of the 
communication networks. But operation of FSO systems is 
associated with a number of difficulties [1-4] – influence of 
atmospheric transparency, atmospheric turbulence and 
mechanical vibrations of the antennas. The last two caused 
fluctuations of laser beam propagation direction and this leads 
to random changes of the optical flux falling on the receiving 
aperture and increasing the Bit-Error-Rate (BER) of 
communication system. In previous works the effect of these 
random factors on FSO power design was studied [6-9] and an 
algorithm for power design of FSO was suggested [10]. The 
presence of domain of power design problem [10] demands 
analysis of the parameters of FSO system that affect it. One of 
these parameters is laser beam divergence.  

The aim of this paper is on the base of the domain of the 
power design problem described in [10] to obtain an 
expression of minimum laser beam divergence angle. 
Numerical analysis of its impact on power design of FSO is 
also performed.  

II. THEORETICAL ANALYSIS 

Obtaining the relations for the minimum divergence of the 
laser beam is based on the algorithm for power design of FSO 
presented in [10] where a simplified model of mechanical 
vibrations and atmospheric turbulence is used.  

FSO system (Fig. 1) is considered, which consists of a laser 

source generating a Gaussian laser beam with initial radius r0, 
pulse-code modulator (PCM), optical transmission antenna 
(TA) with transparency τ1, optical reception antenna (RA) 
with radius R2 and transparency τ2 and photodetector (PhD). 

Let Z is the length of the atmospheric communication channel, 
τ – its transparency, and r is the radius of the laser beam in the 
receiver’s aperture plane. 

The domain of power design problem is described by 
expression [10] 

 [ ] 0)2(erfcinv81 2
2

2

>
ψ

σ
− ψ BER , (1) 

where X=erfcinv(Y) is the inverse function of Y=erfc(X) and 
function ψ describes the surface density of a Gaussian laser 
beam in a plane perpendicular to the direction of propagation–  
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ρ is the linear misalignment between the centre of receiving 
antenna and the laser beam axis, caused by atmospheric 
turbulence and mechanical vibrations of antennas (Fig. 1). 

The average value and the variances of this function are 
given with the relations [6-7] 
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Fig. 1. FSO system 
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In Eqs. (3) and (4) 2
ρσ  are the variances of the linear 

displacement ρ. When these variances 2
ρσ  are big the radius 

of laser beam r has to be big enough to satisfy Eq. (1). If rmin 
is the minimal value of the laser beam radius that satisfy Eq. 
(1) it can be expressed with the minimum divergence angle by 
relation 

 Zr .minmin θ= . (5) 

Having used Eqs. (1), (3), (4) and (5) can be achieved 
following biquadrate equation 
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Only one solution of this equation is positive and from it is 
obtained the final expression for minimum divergence angle 
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This equation can be used to calculate minimal angle of 
laser beam divergence that satisfy domain of power design 
problem, when the statistic of laser beam direction fluctuation 
is known and some value of BER has to be achieved.  

III. NUMERICAL RESULTS AND DISCUSION 

The obtained expression for θmin is used for an example 
calculation. The results are given on Fig. 2 for Z=3000 m and 
σρ=0,3 m – weak mechanical vibrations and weak turbulence, 

σρ=0,61 m – middle vibrations and turbulence, and σρ=1,25 m 
– very strong mechanical vibrations and turbulence. 

The nature of the graphs in Fig. 2 is quite expected. When 
the turbulence and mechanical vibration caused big variances 
of the laser shape in the receiver’s plane the FSO system 
needs laser beam with bigger divergence to satisfy domain of 
the power design problem. In this case for Bit-Error Rates 
from 10-12 to 10-6, that are interesting for the practice, the 
minimum divergence angle varies with approximately 20 % 
between 2,5 and 2 mrad. When the linear deviation of laser 
shape is smaller – σρ=0,3 m and σρ=0,61 m – the variation of 
θmin is smaller too. 

IV. CONCLUSIONS 

An expression of minimum laser beam divergence angle 
that satisfy the domain of the FSO power design problem is 
obtained in this paper. It can be used when the power 
parameter of the system are calculated for the proper choice of 
the laser source.  
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Fig.2.  Dependence of minimum divergence angle on Bit-Error Rate 

for various values of σρ and Z=3000 m  
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Methods of Coordinates Determination in Wireless Sensor 
Networks 
Zlatan Ganev 

 
Abstract – In this article methods of coordinates determination 

of nodes in wireless sensor networks are described. More special 
attention is paid to the triangle method by measuring distances 
and measuring angles. In the article are presented as well the 
methods of: registered presence, environment analysis and 
number of steps for packet transmission. 

Keywords –coordinates, network, sensor, wireless, ICEST 2013 

I. INTRODUCTION 

   Nodes coordinates are necessary for precise picture of 
physical quantities being measured as well as for efficient 
communication inside the network. Coordinates determination 
is accomplished in two stages. Firstly, methods, that allow 
nodes to determine their own geographical location, are used. 
During second stage algorithms are implemented by which 
nodes receive the coordinates of other nodes chosen by them. 
   The most common methods of coordinates determination 
are: the triangle method, environment method and the 
registered presence method. 

II. TRIANGLE METHOD 

   This method uses triangle geometry for nodes coordinates 
determination. The method is applied in two varieties:  
 

• Distances measurement   
• Angle measurement 

 
1. Triangle method with distances measurement. 
 

   In the first variation of the triangle method with distances 
measurement nodes coordinates are determined by measuring 
the distances to reference points. These reference points are 
nodes whose coordinates are known. 
  A method called trilateration is used [1,2]. In it geometry of 
circles  for determining of objects position is used. The 
position of two or more reference points and the distance from 
the object to each one of them is necessary to be known. For 
the precise determination of the position of a point in the 
plane at least three reference points are necessary.  
   Fig.1 shows determination of the position of the node N4 in 
two dimensional space. Reference points are nodes N1, N2 
and N3. 
  The referent  position of node N4 towards nodes N1, N2 and 
N3 is determined by measuring distance r1, r2 and r3. 

Distance r1 determines position as a point of a circle of radius 
r1 and center. R2 reduces possibilities for the position to be 
one of the intersections A or B. The third measurement r3 
determines the precise coordinates of the point. More than tree 
measurements could be made for the fault to be found.  
 

 
                       
                         Fig.1 Coordinates determination 
 
   For the precise determination of the position of a point in the 
plane are necessary at least three reference points, which 
shouldn’t be situated on one straight line. 
   For coordinates determination in three dimension space four 
reference points, which are not situated on one plane, are 
needed.  
 
   In practice three approaches of measuring the distance are 
used: direct measurement; measurement of time of single 
distribution between two points-Time of Arrival (ToA) and 
measurement the strength of the received signal-Received 
Signal Strength (RSS).  
 
   1.1 Direct measurement. 
 
   This method implies physical action, which is difficult to be 
automated. One option is robots to be used [1].  
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   1.2 Measuring time of signal distribution between 
two points - Time of Arrival (ToA). 
 
   This is the most popular method of distances measurement. 
It consists in measurement of time for distribution of a wave 
with known speed [1,4]. Knowing that the speed of sound 
waves is 344 m/s at 21°C, then 8.7 ms time for distribution of 
ultrasonic signal will correspond to distance of 3 m. 
   Timing of radio signal distribution is possible too. For the 
same distance of 3 m time of radio signal distribution is 10 ns.  
   Mistakes are possible when there is a poor synchronization 
at time measurement, deviations in the speed of the wave from 
the nominal and possibly multiple cutoffs of the beam during 
its journey. 
   The principle of operation in GPS is based on measurement 
of distance from the place, whose coordinates we are trying to 
find out, to a group of satellites, whose coordinates are fixed 
and known [5]. The method of trilateration is used, by which 
the position of one point is determined as intersection of 
several circles (or spheres) with a known radius and 
coordinates of the center. In the context of GPS each satellite 
could be determined as a centre of a sphere with coordinates-
satellite position and radius- the distance from the satellite to 
the receiver. 
   Distance is calculated on the basis of the time of radio signal 
distribution from the satellite to the user (ToA).   
   In GPS receiver is not synchronized with transmitter in the 
satellite and is not able to calculate accurately the time for 
flying of the signal from space to earth. However satellites 
have precisely synchronized clocks and include their time in 
the signal. This allows the receiver to calculate the difference 
in signal distribution time. The time itself is calculated by the 
difference in the phase of transmitted and reflected wave 
signal.   
   Despite the considerable improvements during last years, 
use of GPS receivers could lead to unacceptable increase in 
price, consumed power and sizes of sensor nodes. 
Furthermore there are many cases when either visibility to 
satellites is missing or the obtain precision is not enough. One 
compromise solution is only part of the nodes to be equipped 
with GPS receiver. The rest of the nodes determine their 
coordinates by measuring distances to nodes with known 
coordinates.  
 
   1.3 Measuring difference in delay of two 
simultaneously transmitted signals - TDoA (Time 
Difference of Arrival). 
 
   In sensor networks a greater distribution has received the 
method, in which the difference of delay of two 
simultaneously sent signals, is measured (TDoA). Here a 
synchronization of the receiver only is necessary. The object 
with unfamiliar position receives radio signals emitted by 
distant sensor nodes. The decision does not require 
synchronization of the receiver and energy for active sensors 
is not wasted, since it is only paid attention to coming signals. 
This makes this method perhaps the best for absolute 
localization with static antennas. 

Usually it is combined together with the radio signal an 
ultrasound or acoustic signal.  Increase in punctuality of this 
method is at the expense of additional hardware [1]. It is 
successfully applied as well only for small distances between 
nodes.   
   This method is named hyperbolic positioning. Much before 
the GPS satellite network appearance, there were systems 
based on hyperbolic positioning. 
 
   1.4 Received Signal Strength Measuring - RSSI 
(Received Signal Strength Indicator). 
 
   This approach uses strength of received signal RSS for 
distance determination [1]. Signal attenuation is proportional 
to the distance of degree 2, 3 or 4. Receiver measures the 
strength of received signal and calculates distance. This 
method does not allow high punctuality, since the received 
signal strength does not depend only on the distance between 
transmitter and receiver but also on superposing of reflections 
on the main signal. It should be noted as well that, height of 
nodes above the ground, orientation of receiver towards 
transmitter and communication frequency, change the 
received signal strength. 
   There are cases when time of arrival (ToA) is too small for 
sufficiently accurate data to be received. Then for measuring 
the journey an account is given of how much of its power the 
signal has lost (RRSI). This is the method utilized, for 
instance, for GSM telephones localization. The main problem 
here is that signal scattering depends on many factors 
undeterminable in advance. Therefore precision of such a 
system is lower. In case of multiple cutoffs  of wave, we will 
have different results when using at the same time RSSI and 
ToA. Thus, by combining them in a joint system such 
mistakes could be more easily avoided. 
     

2. Triangle method by angles measuring. 
 
   Here a method from trigonometry and elementary geometry, 
called triangulation, is used [1,3]. In triangulation method the 
distance from given point is calculated by measuring the 
distance between two referent points and the angles between 
the object and the straight line formed by these points. In 
other wards this is a triangle method in which two angles and 
one distance are used. 
 

 
 
                   Fig.2 Triangle method by angles measuring 
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   Fig.2 shows an example of coordinates determination by 
this method. Node N3 location is determined on the basis of 
distances between this node and the nodes with known 
coordinates N1 and N2. Angles α and β are necessary as well. 
The two angles are measured towards reference vector, for 
which direction north is usually chosen. Directed antennas 
utilization restricts this method application for sensor 
networks, but it is widely used in aviation – VHF  Omni 
directional Ranging (VOR).  
 
   III. Registered presence method. 
 
   This method is used for determining if the object is near to a 
point with known coordinates. This could be implemented by 
physical contact registering. Technologies for physical contact 
acceptance include pressure sensors, touch sensors and 
capacitive detectors.  
   The presence of an object in the range of one or more points 
for wireless network access could approximately determine 
location. Fig.3 displays an example of nodes presence in the 
range of two networks with radio communication and one 
network with infrared beams. Infrared beams absorption by 
walls leads to rectangular form of the area [1]. 

 
 
                         Fig.3 Presence registration 
 
 IV. Environment analysis. 
 
   This method uses observation of the object, which should be 
localized.  
 
 
 
 
 
 
 
 
 
 
 
 
 
 

   Cameras are usually used. The resulting picture is adjusted 
to obtain characteristic parameters. A data base is used to 
obtain an agreement between snapshot and object coordinates. 
An  advantage of the method is that it does not use geometric 
properties, which is connected with additional signals 
transmition and consequently with increased energy 
expenditure [1].  
 
   V. Method using steps number for packet 
transition. 
 
   In cases when applications do not require real coordinates, 
distances between nodes could be substituted with steps 
number for packet transmition (virtual coordinates). Thus for 
the distance between two nodes can be judged by the number 
of intermediate nodes [1].  

II. CONCLUSION 

   In the present article methods for nodes coordinate 
determination in wireless sensor networks were treated. Some 
characteristic peculiarities were described in the frequently 
used methods: triangle method, registered presence method, 
environment analysis, and steps number for packet 
transmition. Advantages and disadvantages of some of these 
methods were analyzed and it was pointed out when it is 
appropriate for them to be used. 
   It should be noted that, when the results are not good and 
accurate enough, we resort to different techniques 
combination. Herewith the improvement of sensor nodes 
positioning is intended, which in turn makes the network more 
reliable and efficient. 
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Statistical study of dispersion properties of the CATV 

reverse channel 
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Abstract – This paper presents the results of the statistical 

research of the dispersion properties in result of echo effects in 

the reverse channel in CATV. The distribution function and the 

statistic characteristics of different models of the channel are 

studied versus the signal to interference ratio. The results allow 

to define a model for the worst case of intersymbol and 

interchannel interference in CATV with S-CDMA. The derived 

adequate model of dispersion channel allow to perform an 

accurate analysis of the noise performance and to define the 

upper limit of the error probability. The noise performance is a 

key characteristics, that can be used in the energy balance and 

design of the network, but it the case of CDMA in the capacity in 

the reverse channel.  

 

Keywords – CATV, S-CDMA, Reverse Channel, DOCSIS, 

Dispersive Channel. 

 

I. INTRODUCTION 

There exist two main problems in the data transmission in 

the reverse channel in the cable television systems (CATV). 

First of all, the reduced bandwidth (60MHz) constraints the 

capacity of the channel. Second, the level of the impulse and 

narrowband distortions in the bandwidth are relatively high, 

which leads to reduction of the noise performance. 

In order to reduce the impact of both problems is proposed 

with the issuing of DOCSIS v.1.2 to use Synchronous Code 

Division Multiple Access (S-CDMA) in the reverse channel 

[4]. 

The standard DOCSIS 3.0 (Data Over Cable Service 

Interface Specification) defines the specifications of the third 

generation cable networks for high speed data transfer [1]. 

Unfortunately, there are few literature references that consist 

in-depth theoretical and system analysis of the possibilities of 

S-CDMA in the CATV [2-5].  

The paper is focused on the research of the possibilities of 

the reverse channel for data transmission via S-CDMA. The 

echo effects lead to dispersion characteristics and violating of 

the orthogonality of the code sequences for CDMA. These 

effects lead to interchannel and intersymbol interferences and 

decrease the error probability in the system. Because of the 

random manner of the characteristics, the paper introduce 

statistic research of their dispersion characteristics. The 

distribution function and the statistical parameters of signal to 

interference  ratio are investigated. The results of the analysis 

defines the model of the channel that describes the worst case 

for intersymbol interference (ISI) and interchannel 

interference (ICI). The defined adequate model of disperse 

channel will be used for accurate analysis of the noise 

performance and definition of the upper limit of the error 

probability. 

The noise performance is a key characteristics, which is 

used in the energy design of the network and in the case of 

CDMA, when computing the capacity of the reverse channel. 

Besides the solving if these problems, with the knowledge 

of the noise performance it is possible to apply new methods 

and algorithms for signal and information processing, that can 

increase the capacity of the network. 

II. CDMA CATV NETWORKS REVERSE CHANNEL MODEL 

The model of the dispersion reverse channel with S-CDMA 

is shown on Fig.1.  
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Fig. 1. System model of dispersion reverse channel 

The following constraints, that do not worsen its quality, 

are introduced in the model: 

1. The model is a channel in base band. 

2. It is used direct spread spectrum (DSS) with orthogonal 

code sequences, described in the standard DOCSIS 3.0. 

3. The echo effects are modeled with linear filter with 

random values of the time delay and the phase. 

4. It is considered the worst case-without applying pre-

equalizer in the transmitter of the cable modem (CM). The 

main idea is the whole processing for compensation of the ISI 

and ICI to be done in the cable modem termination system 

(CMTS). This approach for processing will increase the 

computational complexity of the CMTS, but the result will be 

increased capacity of the reverse channel. It is not necessary 

to transmit the coefficients for adjustment of the pre-equalizer. 

5. It is taken into account the impulse response of raised 

cosine filter. In this case ISI and ICI take part on the input of 

the detector of the digital receiver of the CMTS. 

6. There is ideal time, frequency and phase synchronization 

between the CM. 
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The echo effects of the media for one subscriber or CM are 

modelled with linear digital filter with impulse response hc(t). 

hc(t) is the convolution of the impulse response of the raised 

cosine filter hR(t) and the impulse response of an linear filter 

modelling the echo effects hm(t). 

 hc(t)= hm(t) * hR(t) (1).  

The characteristics of the dispersion channel hm(t) is 

different for each user. Besides this, the change of hm(t) is 

random and because of the stochastic setting on and off of the 

user CM. The dispersion characteristics are described in the 

standard DOCSIS and they are used for creation of the model 

of the reverse channel. In Table I are described the typipcal 

values of the parameters of the reflected signals [1].  The 

reflected components spread over several chips of the coded 

sequence for CDMA. 

TABLE I 
ECHOES IN REVERSE CHANNEL 

Relative 

amplitude 

[dBc] 

Delay [chips] Phase [rad] 

-10 Uniform distribution 

{0 - 2.5}  

Uniform distribution 

{0 - 2π} 

-20  Uniform distribution 

{0 - 5} 

Uniform distribution 

{0 - 2π} 

-30  Uniform distribution 

{0 - 7.5}  

Uniform distribution 

{0 - 2π} 

 

The modulated symbols in baseband si are on the input of 

the block for spreading of the spectrum. In this block, the 

symbols are multiplied with orthogonal code sequence code k 

that is unique for the k-th user. It is assumed that K users are 

communication simultaneously with CDMA. The block hR is 

the filter with optimal coefficients for minimum of ISI, but 

hmk models the echo effects for k-th reverse channel. hm is 

different for each user. In the receiver of the CMTS, the 

signals of the CMs are summing, and n(t) is the impact of 

additive white Gaussian noise (AWGN). For separation of the 

signals, the received signal r(t) is correlated with the unique 

code sequences. The detector uses matched filter (MF). 

III. METHODOLOGY OF RESEARCH 

The impulse response of the channel is derived according to 

Eq.1. The filter, forming the impulse responses for ISI 

minimization has roll-off factor α=0.25 [1, 5, 6]. For the 

research purposes it used discrete FIR filter with hR(k.Δt/Т),  

Δt/Т=0.25: 

 
 

 
2 2 2

cos 0.25
( ) sin 0.25

1 4 0.25
R

k
h k c k

k







   

 k=-16..0..16.    (2). 

 

The echo effects are modelled also with discrete FIR filter. 

It has coefficients with amplitude values, shown in Table II. 

The phase of the delayed components is formed randomly 

with uniform distribution law. The time delay is changed with 

step a quarter of the chip Δt/Т=0.25. In Table II are described 

the parameters of the discrete echo channel, used in the 

research of the statistical characteristics.  

TABLE II 
MODELS OF REVERSE CHANNEL 

№ Impulse response hm(k.0,25) 

CH1 {1, 0.3162.exp[j.2.π.rand), 0.1.exp[j.2.π .rand], 

0.0316.exp[j.2.π.rand]} 

CH2 {1, 0, 0.3162.exp[j.2.π.rand], 0, 0.1.exp[j.2.π 

.rand], 0, 0.0316.exp[j.2.π.rand]} 

CH3 {1, 0, 0, 0.3162.exp[j.2.π.rand], 0, 0, 

0.1.exp[j.2.π.rand], 0, 0, 0.0316.exp[j.2.π.rand]} 

CH4 {1, 0, 0, 0, 0.3162.exp[j.2.π.rand], 0, 0, 0 

0.1.exp[j.2.π.rand], 0, 0, 0, 

0.0316.exp[j.2.π.rand]} 

CH5 {1, 0, 0, 0, 0,  0.3162.exp[j.2.π.rand], 0, 0, 0, 0 

0.1.exp[j.2.π.rand], 0, 0, 0, 0, 

0.0316.exp[j.2.π.rand]} 

CH6 {1 0 0 0.1.exp[j.2.π.rand] 10
-0.5

.exp[j.2.π.rand] 0 

0 0 0 0 0 0  10
-1.5

.exp[j.2.π.rand]} 

 

CH7 {1 0 0 0 10
-0.5

. exp[j.2.π.rand] 0 0 0.1. 

exp[j.2.π.rand] 0 0 0 (10
-1.5

)* exp[j.2.π.rand]} 

 

CH8 {1  0 0  0 (10^-0.5). exp[j.2.π.rand] 0 0 0 0 0.1. 

exp[j.2.π.rand] 0 0 0 (10^-1.5). exp[j.2.π.rand]} 

 

 

The signal to interference ratio of the ISI is computed 

according to the equation:  

     
        

         
 
         

 (3). 

The number of the components of the discrete equivalent 

linear filter is 2p+1. 

IV. RESULT OF THE EXPERIMENTS 

For the needs of the work is created a program model in 

MATLAB. It is used to investigate ISI in different channels. It 

is computed the S/I according to Eq.3. As a result of multiple 

experiments with random change of the phase of the reflected 

components according to Monte-Carlo method, is found the 

histogram of the S/I in [dB]. Eight different channels with 

characteristics, shown in Table II, are investigated. They 

differ each other in the time delays of the reflected signals and 

they are chosen in order to achieve biggest values of the ISI. 

The cumulative density distributions are computed together 

with the histograms. The statistical characteristics are defined 

as the mean, mean square deviation, minimu and maximum 

value. The results are summarized in Table III. 

The distribution of the probability density of the S/I ratio 

for some of the channels are shown on Fig.2 and Fig.4. The 

cumulative functions are shown on Fig.3 and Fig.5. The nuber 

of the channel is appointed on each figure. 
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TABLE III 

№ S/IAVR 

[dB] 

Standard 

deviation σS/I 

[dB] 

(S/I)min 

[dB] 

(S/I)max 

[dB] 

(S/I)90% 

[dB] 

CH1 20.71 21.75 9.74 30.62 24.5 

CH2 13.83 12.05 7.83 18.94 16.9 

CH3 10.49 4.69 8.41 13.17 11.8 

CH4 9.54 - - - 9.54 

CH5 10 -0.9939 9.22 10.53 10.42 

CH6 10.30 6.50 7.53 13.06 12.5 

CH7 9.64 0.47 8.76 10.60 10.3 

CH8 9.6 -2.05 9.08 10.16 9.98 

 

 

 

 
Fig.2 

 

 
Fig.3 

 
Fig.4 

 

 
Fig.5 

The dispersion characteristics of the reverse channel lead to 

two main effects: 

1.  Violating the orthogonality of the spreading codes and 

the appearance of the ICI. 

2. Appearance of ISI in a single CDMA channel. 

Both effects reduce the noise performance of the 

communication system. This is the reason that must be chosen 

a model, that the level of the side lobes of the impulse 

response of the channel are maximum. 

Fig.6 shows the cumulative function for the investigated 

dispersion channels on a common coordinate system. It is 

possible to define the value of the signal to noise ratio 

(S/I)90%, where in 90% of the time, S/I is less than this value. 

This threshold value is used for a criterion of the choice of 

channel that can be used in investigation of the noise 

performance of CDMA versus AWGN and the echo effects in 

the reverse channel. 

The first criterion for a choice of the channel is defined as: 

                       (4). 

In the last column of Table III are shown the results for 

(S/I)90%. It is chosen a channel that has minimum value of the 

(S/I)90%. As it is clearly seen CH8 has minimum value of 
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(S/I)90%. When choosing the channel, it must be taking into 

account the mean value of the S/I. The lower is this value, the 

higher is the mean probability in different random realizations 

of the characteristics of the dispersion channel. The aim is to 

investigate the worst case. The second criterion for choice of 

the channel is: 

                          (5). 

CH7 and CH8 satisfy this criterion. A good candidate is 

also CH3. In CH3, the S/I has minimum value and bigger 

dispersion, than in CH7 and CH8. CH4 should not be 

forgotten.  

From the analysis, it is seen that best for modelling of the 

echo effects in the reverse channels are: CH3, CH4, CH7 and 

CH8. 

V. CONCLUSION 

The chosen models will be used for investigation of the 

noise performance of the dispersion reverse channel with 

CDMA in CATV. They can be used in definition of the upper 

limit of the error probability. The results from the 

investigation can be applied in a method for energy budget of 

the cable network and for definition of its capacity-the number 

of the users in the reverse channel. 
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System for monitoring and management of energy 
efficiency in public buildings 

 

Emil Altimirski, Nicola Kaloyanov, Plamen Vichev, VeselinPlamenov 

Abstract –In this paper is presented the System for 
monitoring and management of energy efficiency in public 
buildings, its basic principles and implementation. 
 

Keywords –Energy Efficiency, Control System, Monitoring. 

I. INTRODUCTION 

The monitoring and management of the energy 
efficiency in public buildings can be exanimated as 
composition of two parts – hardware and software devices 
for remote monitoring and control, and algorithms for 
decision making. The first part was designed and 
implemented by the research laboratory "Radio control and 
environmental monitoring" of the Department of 
Telecommunications at the Technical University in Sofia. It 
is designed to monitor and control certain parameters into 
buildings and send the measured data to thecentral 
management system. The commands are sendin order to 
control in real-time the energy efficiency in certain facilities, 
the following parametersare measured: 

• Consumption of electricity 
• Consumption of heat 
• Indoortemperature 
• Lighting in therooms 
• Operation mode of the substation, 
• Outdoor weather conditions; 
• Measuring the overall power consumption and 

estimating thebalance of power consumption 
includingdetection of an unauthorized use of 
electrical instruments and etc. 

Moreover, the system provides the following 
additional functions: 

• Site security 
• Detecting open doors and windows 
• Automatically updated central clock and 

thermometer 
• Can operate as school-bell 
• Can alertemergencies 

The second part of the system being developed at 
the Center for Energy analyzes byprof. Kaloyanov. 

II. BLOCK DIAGRAMM AND HARDWARE 
SYSTEM 

The system includes dispatcher station hubs, sensor 
modules, local controllers and automatic weather stations. 
The connection between the different modules is 
establishedvia wireless radio channels and / or by build in 
computer network. 

The sensor modules are compact, low cost devices 
whichare placed in each room in the controlled building. 
They are battery supplied and does not require connection to 
anypower gridsor computer networks. The battery power 
ensures operation of the module for at least 10 years. Each 
sensor module measures the temperature, lighting in the 
room, opening the door/window and the status of its own 
battery. It has a low-powered transmitter in the range of 433 
MHz, which transmits information to the hub, located in the 
corridor or in the immediate area. The information is 
transmitted in certain periods or in case of significant 
change in the measured parameters. The module is designed 
on the base of microcontroller ATmega-168, which operates 
inthe most of the time in sleep mode in order to reduce the 
power consumption of the module. The microcontroller 
periodically wakes up into active mode to conduct 
measurements and to transmit data. 

The hubs are installed in hallways and large rooms. 
They have volume sensors, thermometer, sound detector, 
two displays,clock, inputs for measuring curren, a separate 
feeder highways to other facilities for receiving information 
from sensor modules, radio module and/or modem for 
GSM-GPRS data transmission /or cable input for connection 
with dispatcher station. On the display is indicated the 
astronomical time and the current temperature in a given 
point. They are powered from the main power grid and has 
backup battery power for that ensures operation for several 
days. At the request of the dispatcher center they transmit 
the measurements data and the data obtained from the sensor 
modules. 

The local controllers have analog and digital inputs, 
as well as input for positioning data, analog and serial 
outputs for facilities management. Powered by an external 
rectifier 12 V / 1,6 A and a battery backup power supply. 
The local controllersare based on microcontroller Atmega-
168. All of their inputs and outputs are galvanically 
separated by optocouplers and defensive schemes. They are 
designed for remote control and monitoring of equipment 
relevant to the energy efficiency - substations for district 
heating, coolantflow controllers, power distribution boards, 
external infrared cameras to monitor heatradiation from 
different parts of the building and etc. 

Automatic weather stations are usually installed on 
the roof of the observed buildingor complex of buildingsor 
near it. It provides information to the dispatcher station 
which aimsto optimize the energy system of the building 
and the individual spaces in it. The current version measures 
temperature, humidity, pressure, solar radiation and wind. 
The data is transmitted over a radio channel during the 
periodswithin 10 minutes or in case of substantial change. 
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• Windows and buttons in individual mode can 
display business information and transmits commands to 
reset service - signal level, recharge EEPROM, analog 
measured value of the voltage rectifier and battery, the 
number of board and microcontroller, the number of GSM 
modules Identification visualization programs on reboot 
and stuck in the transfer station command to send a test 
signal and etc. 
• The system access levels and passwords are used 
for logging in, and the program is designed to administer 
passwords. 

III. COMMUNICATION SYSTEM 

The communication subsystem of the monitoring 
and management of energy efficiency system is developed 
for optimization of technical and economic parameters, as 
well as easy installation and maintenance. It combines three 
different technologies - VHF-radio, GSM-GPRS-channel 
and wire channels. 

FM-radio in the ISM bands is optimal 
communication solution for the channel between the sensor 
modules and hubs. Where distances in these cases do not 
exceed 20-30 meters in almost direct view. The use in this 
case the UTP cable creates inconvenience during installation 
and depence on the network. For better diffraction was 
selected frequency range of 433 MHz,when installing the 
sensor modules inside the doors. Used standard modules - 
hybrid schemes transmitters. 

For FM radio station and transmission between 
hubs, local controllers and automatic weather station was 
originally selected frequency range of 50 MHz PMR 
technology in order to achieve higher power output, 
respectively, more coverage link. Later, after several test 
and prototypeswe decide to implement this connection 
within the ISM 433 MHz. The main benefits in this case are 
two - more compact antennas and use of a single receiver for 
signals from the sensor modules. Were constructed special 
transceivers based on standard modules with high power 
transmitters. 

Connection via GSM-GPRS technology was 
developed in the modem based on the GSM-module 
QUECTELM-12. It is a single printed circuit board and 
includes four plug through to the main board. Powered by 
unregulated 12 V has its own two-stage stabilizer - first 
pulse and linear stabilizer. On the board is installed a SIM-
holder and PCB antenna. There is also a place to mount the 
external antenna connector. Modem connection to the host 
microcontroller is with RS232 signals RxD and TxD. In a 
separate signal is carried inclusion and exclusion of the 
basic modem controller. Dispatcher station connects to 
GSM-GPRS GSM-GPRS system. 

Organization of VHF-radio exchange in the 
connection between the hub and sensor modules is 
unidirectional and asynchronous, as is done with very little 
coefficient filling the relatively small number of devices. To 
a hub signals reach no more than a hundred sensors 
modules. Each module transmits an average of once every T 
= 10 minutes long message about t = 100 ms. So the 

probability of simultaneous transmission of two modules 
will be not more than: 

P = 100 x t2 / T = 100 x 0,12 / 10 x 60 = 0.00167, (1) 

i.e. will lose no more than one in 600 messages, 
which is perfectly acceptable.Since FM-radio station and 
transmission between hubs, local controllers and automatic 
weather station is carried on the same radio frequency, the 
probability forlost messages rises, but not with much 
because of the small number of the hubs. The channel data 
is transmitted only upon request by dispatcher station and in 
case of error, the request repeats. 

For the exchange of data for all routes were 
developed simplified protocols. These include Noise source 
address header, relay instructions, type the command that is 
executed or to be performed or to be performed and 
guidelines for the length of the message. 

IV. ALGORITHM FOR DISPATCHING 
STATION AND ENERGY EFFICIENCY 

MANAGEMENT 

Technical and software features offered by the 
system allow the management of the energy performance of 
buildings in real time by sending commands to the 
appropriate facilities: substations for district heating, 
electricity boards, regulators, flow of coolant and etc., The 
system provide also and sending of messages to employees. 
To achieve the high economies of heat and electricity 
through the system in the building is appropriate to install 
additional devices for power. 

The system can significantly enhance energy 
efficiency and consequently to realize savings from the first 
heat by maintaining optimal thermal regime in any room of 
the building. In this regard, it should solve the following 
problems: 

- Identify the optimal temperatures and tolerances 
of these for every room in the building at every hour of the 
week according to the activities in the room and his 
employment, the number and type of personnel and etc.; 

- The program of the dispatcher station must set 
limits on the temperature for each room of the building at all 
hours of the week off to trigger the automatic maintenance 
of thermal regime and / or to alert the operator on duty; 

- To establish a procedure algorithm and the 
operator and the program automatically maintain the thermal 
regime of the exit temperature regime outside specified 
limits, taking into account the possible causes of distortion 
mode - reduced heating and high or low ambient 
temperatures, reducing or increasing of fuel sources in a 
room, UNAUTHORIZED opening of windows and / or 
doors, impact on ventilation equipment and etc. 

- Special attention should be given to the algorithm 
and the technical implementation of remote heat supply 
substations for data reporting to the measurement of the 
internal temperature, weather conditions, infrared cameras 
to monitor heat loss, etc. 

To manage power consumption ofindoorlights and 
current in the power lines are observed in order to group 
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rooms. Saving money on electricity, it is appropriate to 
solve the following problems: 

- Identify optimal light levels and consumption in 
individual lines and their tolerances for each room of the 
building every hour of the week according to the activities 
in the room and its employment, the number and type of 
personnel, etc.; 

- The program of the dispatcher station to set the 
limits of luminance and current in individual lines for each 
room and through the building every hour of the week off to 
inform the operator on duty; 

- To establish a procedure algorithm and the 
operator for exit lighting level and consumption outside the 
specified limits, taking into account the possible causes of 
distortion mode - interruption of electricity supply in certain 
lines, low or high levels of external light, leaving the room 
from staff UNAUTHORIZED include heating and / or 
equipment, etc. 

For efficient use of the system should be implement 
in the software and set in the dispatcher station, a schedule 
of automatic feeding beeps, start hours and / or work time 
alerts in case of fire or other disaster, and TP 

Security system, which is included in the basic 
system can operate independently or in conjunction with 
other security system. Its use should be made relevant 
procedures and instructions for action. 

V. SYSTEMIMPLMENTATION AND TESTING 

The monitoring and management of energy 
efficiency is constructed as a prototype, which includes 
dispatching station, 10 hubs, 100 sensor modules, two local 
controllers and one automatic weather station. Dispatching 
station is located in block 3 of the Technical University - 
Sofia, and hubs and part of the sensor modules are installed 
in blocks 1, 2 and 3. The other sensor modules, local 
controllers, automatic weather station and GSM-GPRS and 
cable connection now are tested in the laboratory in Block 
3.Previous tests of the system have made it possible to 
verify hardware and software solutions as part of algorithms 
to automatically manage energy efficiency. Also working in 
real conditions allow to remove some unforeseen problems, 
and make some improvements. Issues were solved with the 
perturbation of radio frequency between 433 MHz and hubs 
sensor modules inverters DC-DC in the hub, the issue of 
same radio frequency antennas, precision and setting the 
clock, relay the signals from the remote concentrators to the 
dispatcher station, the passage of between the radio station 
and dispatcher hubs within 433 MHz instead of 50 MHz to 
obtain the received data from sensors and the other modules. 

 

VI. CONCLUSION 

Developed systems for monitoring and 
management of energy efficiency is able to monitor and 
control processes and related energy efficiency of large 
public buildings such as universities, schools, hospitals, 
office buildings and more. The system is tested in real 
conditions and is improved on the base of the tested 

results.As a result of these a robust and efficient operation in 
all weather seasons is ensured. For future work we foresee a 
mounting of other modules and testing in real conditions a 
GSM-GPRS communication. 
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Methods for Determination of Coordinates in Two-
Dimensional Navigation System by Measuring the Delay 

of the Signal 
Emil Altimirski1, Petko Simeonov2 

Abstract – The use of satellite positioning systems in densely 
populated urban areas is becoming more difficult because of the 
extensive construction of complex surface and underground 
infrastructure facilities. At the same time, the need for accurate 
and precise determination of the position of moving objects in 
different cities is steadily increasing. This requires the creation of 
terrestrial navigation systems that allow easy implementation in 
urban environments and at the same time meeting the high 
demands for accurate and timely determination of the position of 
the tracked objects. In this paper is proposed a new method for 
determining the two-dimensional coordinates of an object by 
measuring the delay of its broadcast signal, received in various 
synchronized receiver stations. 
 

Keywords – terrestrial positionin system, navigation, 
urban areas 
 

I. INTRODUCTION 

The need for localization in the modern urban architecture 
is becoming more and more important in the recent years. At 
this stage, for outdoor localization of different objects are 
used global satellite navigation systems such as Global 
Positioning System (GPS), which provides locating accuracy 
of a few meters to 10 meters in normal mode of operation or a 
few tens of centimeters to several meters in differential mode 
(DGPS). However, when reducing the number of satellites, to 
which the site has direct visibility, below the minimum set for 
example when object enters closed spaces, in buildings, 
tunnels, underpasses, underground garages, subway or even 
between tall buildings in densely built urban areas / urban 
canyons / localization of the object is difficult and in most of 
the cases it becomes impossible. 

To solve this problem it is necessary to combine the 
satellite navigation system with a local terrestrial positioning 
system which can determine the position of the object in 
indoor spaces. Such terrestrial network for positioning is 
proposed in [1]. This is a synchronous terrestrial positioning 
system which includes stationary receiver stations, located in 
a network of several hundred meters apart (Fig. 1). 

 
Fig. 1 Synchronous terrestrial positioning system 

The tracking device broadcasts a special identification 
signal which is received from the stationary stations. The 
position is determined by analysis of three parameters - 
attenuation of the signal, the delay of the signal and the 
direction from which the signal is coming. In each station the 
received signal is measured and on the basis of the attenuation 
model and the preliminary calibration, the distance from the 
receiving station to the transmitter is calculated. At the same 
time the difference in the delay of the signal going into the 
individual stations is measured, which in the greatest extent 
carries information about the position of the transmitter. 
Direction to the tracking device is determined by the use of 
directional antennas in the receiving stations. Their data also 
allow the detection of reflections.The data obtained from the 
measurements of the received signal in all receiving stations 
are combined and sent to the central station, where the 
position of the tracking object is calculated. To improve the 
accuracy is performed calibration and tuning of the system by 
prior passing with a reference transmitter at the service area, 
the location of which is determined by the operator. 

In the article are discussed methods for the determination of 
coordinates on the basis of the delay of  the signals in general, 
and in some particular cases. [2] 

II. POSITIONING ALGORITHM 

The propagation of the radio waves in densely populated 
urban areas, combined with underground and indoor areas is 
very difficult to model because of the multipath propagation 
of the signals, the low probability of line-of-sight between the 

1 Assoc. prof. Emil Altimirski is with the Faculty of
Telecommunications at Technical University of Sofia, 8 Kl. Ohridski
Blvd, Sofia 1000, Bulgaria, E-mail: icest@tu-sofia.bg.   

2eng. Petko Simeonov is with the Faculty of Telecommunications
at Technical University of Sofia, 8 Kl. Ohridski Blvd, Sofia 1000,
Bulgaria.   
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mobile transmitter and fixed receiver stations and the specific 
parameters of the environment, as moving objects and 
reflective surfaces. 

A. Delay of the signal 

The idea is to determine the relative position of mobile 
transmitter, by measuring the delays in time for which the 
signal reaches to the plurality of stationary receiver stations 
that are synchronized in time and have known positions. 

The time for distribution of the signal can be directly 
converted into a distance on the basis of the known speed of 
propagation of the electromagnetic waves. 

It is necessary to be estimated the distances from the 
transmitter to each one of the receiving stations. 

The position of an object in two-dimensional space can be 
calculated by measuring the delay of the signal to two or more 
receiving stations.[3] 

 
 
 
 
 
 
 
 
 
 
 
 
 
 

 
Fig. 2. Determination of the coordinates by measuring the 

delay of the received signal 

Let A, B and C to denote stationary receiving stations (Fig. 
2). Let the distance between receiving stations A and C is 
equal to the distance between receiving stations B and C. If 
we have transmitter (denoted by P), which is located inside 
the isosceles triangle (ABC) formed by the stationary 
receiving stations, and it broadcast a radio signal, its position 
can be easily determine. 

The distance x between the transmitter P and the receiver 
A is proportional to the time of propagation of the signal from 
point P to point A, respectively, if it is measured the 
difference in arrival time of the signal to receiver C and 
respectively the difference in the arrival time of the signal to 
receiver B, in comparison to the arrival time of the signal in 
reception point A, it can be found the differences in the 
distances between PC and PB in relation to RA. From here it 
can be easily found the distance PA and respectively the 
distances PC and PB 

From triangle ABC can be drawn the system: 
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 (1) 

where: 

x=AP; 
а=АС=ВС; 
j=PA-PC; 
i=PA-PB; 
hn (n=1,2,3) – respectively the distances from P to AB, 
BC and AC; 

the distances i and j are directly proportional to the delays 
of the signal received respectively at station B and station C to 
station A, therefore, after transformation  the system leads to 
the following equation for x: 

4((i-j)2+j2-a2 ) x2+(4i3-6ij2-4ia2-2ji2-4ja2 )x+2j4+2a4+i4-
2j2 i2-2a2 i2=0 (2) 

hence can be derived the distances: 

AP=x; 
BP=x+i; (3) 
CP=x+j; 
B. Calculation of the position 

The defined in the previous section distances determine 
circles with centers corresponding to the coordinates of the 
receiving stations. The transmitter which coordinates are 
looking for is located on the circles. 

The determination of the relative coordinates of the 
transmitter is achieved by the geometry of circles or 
hyperbolas. There are used a set of reference vectors [Xi, Yi, 
Ri] that are parameters of the circles, where Ri represents the 
calculated distance between the receiver and the requested 
object, and Xi and Yi represent the coordinates of the position 
of the receiving station. The intersection of these circles 
represent the position of the sought object. 

r1

r2

r3
x1,y1

x2,y2

x3,y3

 
Fig. 3. Determination of the coordinates of the transmitter 

On Fig. 3. is presented the ideal case when there is only one 
point of intersection between the circles. Then the position of 
the sought object is only defined by intersection point. In real 
terms the measurement of the signal parameters is not so 
accurate. Usually the calculated radius and the number of 
intersections does not match the ideal case. The intersections 
form a probability domain of the position of the sought object. 
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The final position is calculated as the gravitation center of this 
area. 

 
Fig.4. 

 
Fig.5. 

There are two cases, the first is shown in Fig. 4 - every 
two circles intersect at two different points. The intersection 
of the two circles, which lies in the third circle is an internal 
intersection point. Internal intersections are used for 
calculation of the position of the sought object, they are called 
major intersections. For each combination of the two circles 
there is one major intersection. Model with three circles 
defines 3 different major intersections. These intersections 
determine domain that is common to all three circles, the 
exact position of the sought object is expected to be within 
this area. 

The second case is shown in Fig. 5. This is more 
complex scenario than the previous one because there is no 
internal intersections. Therefore, major intersections are 
chosen in another way. Any two circles have two intersection 
points. Only one point in this pair is taken into account and 
this is the point with the shortest interconnection distance. In 
this way are taken three major intersections. These 
intersections define the area in which is expected to be located 
the sought object.[1][4] 

For both previous situations, the major intersections 
determine the area where it should be positioned the requested 
object. The magnitude of this domain depends on the 
particular case. The smaller it is, the more accurately can be 

determined the position of the sought object. The final 
calculation of the position of the sought object is defined as 
centroid or gravity center of the polygon defined by all major 
intersections. 

In a real situation, some of the rays are reflected, wich 
results in additional delay and a phase change of the signal at 
high frequency. When analyzing the data this is difficult to be 
taken into account and the resulting errors can only be 
reduced through the analysis of the other parameters. 
However, to take account of the reflections and their impact 
on the delay of individual rays is performed a monitoring of 
hopping change of the delay and the phase of the signal and 
the direction from which it came. 

 

C. Determination of the coordinates in case of two reception 
stations 

The location of the tracked object can be determined, and 
even when signal is recieved by only two stationary stations 
(Fig. 6) by using a priori information about its movement or 
data for its previous position. 

 
Fig. 6 Determining the position of tracked mobile object 
only with two stationary stations  

For achieving the required accuracy is required fixed 
stations to have exactly synchronized clocks, which is 
achieved by optical or radziovrazka between them. In 
processing of the received signal are used algorithms for 
accounting the reflections, as it is assumed that in urban areas 
the reflected signals will dominate. The synchronization of the 
mobile devices can be performed or by request-response and / 
or by stationary VHF or medium-wave household 
transmitter.[2] 
 

D. Supplement of the system with checkpoints 
 

For improving the accuracy of the positioning and to 
overcome the problems of insufficient radio coverage, to the 
above-described system can be added a system of checkpoints 
/control stations/, which can be permanent or temporary 
according to the nature of the operation. These control stations 
are responsible for registering the passage of the tracking 
object in the given point and immediately to send the 
information to the control center. They can be equipped with 
video cameras, and additional navigation system for 
determining the position of the tracking object when it is away 
from the point. The connection of the point to the control 
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center can be via GPRS or other techniques according to the 
specific situation. 

The control points will be placed strategically on all 
inputs and outputs of suspected indoor spaces - entrances, 
platforms and exits of the subways, to the stairways and lifts 
of multistory buildings, etc. They are compact and low cost, 
and their number can be very large. When the mobile device 
must be protected by easy detection the link between the 
checkpoint and the tracking device can be performed not on 
radio channel but by ultrasonic, infrared, ultraviolet, X-ray or 
other emission that we call alternative channel. The use in this 
case of a low-power transmitter with short radiation will be 
only in exceptional cases, and only when the other channels 
for some reason do not work - eg. if they are shielded. All 
transmissions from the mobile device are in response to a call 
from checkpoints, they will be performed by special codes, 
which further reduces the risk of discovering the device with 
simple tools. To reduce the probability of unregistered 
removal of the tracking device from the observed object, close 
to its position can be placed one or more miniature passive 
sensors from the type of access cards. On separation of the 
sensor from the tracking device, a signal is sent by the 
tracking device to the control center. 

III. CONCLUSION 

The above analysis and the obtained computational 
formulas allow calculation of the coordinates of tracked object 
in a two-dimensional coordinate system, where it has no 
visibility to enough GPS satellites. 

Sufficient accuracy can be obtained in the case of sight of 
only two receiver stations by analyzing the previous trajectory 
of the object. Ideas, and methods for further improvement of 
the accuracy of the system, including accounting the impact of 
the delays in the analysis of the signals have been proposed. 
System of checkpoints can significantly improve the 
effectiveness of the tracking system. 
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Efficient Neural Model for Estimation of the Microwave 
Antenna Noise Temperature 

Ivan Milovanovic1, Zoran Stankovic2, Marija Agatonovic2 and Marija Milijic2 

Abstract – This paper presents efficient neural model for 
estimation of the microwave antenna noise temperature which 
can accelerate the prediction procedure of the external noise 
level at the receiving point of a wireless communication systems. 
Were taken into account only the effects of natural noise sources, 
which are surrounded by the antenna system and considerably 
more stable than artificial. The case of microwave wireless 
transmission, where dominated influence of noise generated by 
emissions of gases from the atmosphere (primarily oxygen and 
water vapour), is considered. Accordingly, we developed a neural 
network model for antenna noise temperature prediction of the 
RF receiver based on Multilayer Perceptron (MLP) network. 
The architecture of this model, the results of its training and 
testing and simulation results are presented in this paper in the 
appropriate sections. 
 

Keywords – Neural network, Antenna Noise, Brightness 
temperature. 

I. INTRODUCTION 

The outburst of wireless systems presents a growing 
number of technical challenges for performance demand, 
necessary to support vast number of wireless applications. The 
wireless system design goal is to achieve the largest possible 
coverage area in which the received power is sufficiently 
strong compared to background noise. Consequently, one of 
fundamental parameters in wireless communication is signal-
to-noise power ratio that indicates the reliability of the link 
between the transmitter and receiver. Therefore, it certainly 
helps to have a reliable tool to estimate noise power during the 
process of wireless systems designing.  

Now, the most frequently used recommendation is ITU-R 
P.372-10 for estimation of extern noise of RF transmitters [1]. 
Recommendation ITU-R P.372 provides data on radio noise 
external to the radio receiving system which derives from the 
following causes: radiation from lightning discharges 
(atmospheric noise due to lightning); aggregated unintended 
radiation from electrical machinery, electrical and electronic 
equipments, power transmission lines, or from internal 
combustion engine ignition (man-made noise); emissions 
from atmospheric gases and hydrometeors; the ground or 
other obstructions within the antenna beam;  radiation from 
celestial radio sources. Many noise dependences [1,2] are 
represented by formula whose parameters should be 
determined from a lot of complex figures. Classical use of 

Recommendation ITU-R P.372 requires figures visual reading 
with applying challenging interpolation methods resulting in 
time-consuming, forceful process with non-satisfactory 
accuracy. 

The application of Artificial Neural Network (ANN) is 
proven as a good tool for overcoming all of the specified 
problems. ANN is very sophisticated modeling techniques 
capable of modeling extremely complex functions. Indeed, 
anywhere that there are problems of prediction, classification 
or control, neural networks can be introduced. ANN has the 
capability of a functional dependence’s modeling exclusively 
on the basis of input data [3-6]. 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 [3-6]. 
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 
(generalization). 

Neural network has been applied for estimation level of RF 
receiver external noise taking only frequency as a factor, not 
taking into account the parameters that describe the antenna 
environment [5]. In this paper, neural model for prediction of 
the microwave antenna noise temperature is developed 
resulting in more effective estimation of receiver external 
noise dependence on water vapor concentration in 
atmosphere, frequency and antenna elevation in microwave 
range. This model is established by further developing of the 
model that is presented in the reference [7]. Model in 
reference [7] in calculation of brightness temperature takes 
only frequency and antenna elevation. 

II. SPECIFICATION OF NOISE INTENSITY OF 
WIRELESS COMMUNICATION SYSTEM 

The noise factor, f, for a receiving system is composed of a 
number of noise sources at the receiving terminal of the 
system [1,2]. Both internal and external noise must be 
considered. For receivers of the wireless communication 
system, the system noise factor is given by [1]:  

)1()1()1( −+−+−+= rtctcca fllflfff   (1) 

where lc is antenna circuit loss, lt is transmission line loss and 
fr is noise factor of ideal antenna and ft is the noise factor 
associated with the transmission line losses. fa is the external 
noise factor defined as: 

bkt
pf n

a
0

= , aa fF log10=   (2) 
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where pn is available noise power from an equivalent lossless 
antenna, k is Boltzmann’s constant = 1.38 × 10–23 J/K, t0 is 
reference temperature taken as 290 K and b[Hz] is noise 
power bandwidth of the receiving system [1,2]. 

External noise factor can be presented using effective 
temperature of antenna noise ta: 

0t
tf a

a = , 
kB
P

t a
a =   (3) 

where Pa is external noise power collected by antenna. 
The available noise power is obtained by summing the 

contributions of each individual noise sources. To be able to 
perform the calculation it is necessary to introduce a 
parametar that determines the noise radiation sources. The 
parameter used in that sense commonly is brightness [8,9]. 
Taking into account the Planck law of black body radiation in 
the radio frequency spectrum and using the Raleigh-Johnson 
approximation, the brightness in the direction θ, ϕ from which 
noise of frequency f comes can be expressed as: 

             
2

),(2
),,(

λ
ϕθ

ϕθ bkt
fS =    (4) 

where tb(θ,ϕ) brightness temperature in the observed 
directionθ, ϕ, which originates from noise sources. 
Accordingly, effective temperature of brightness tb from the 
body radiating noise is defined using power of noise radiation 
Pb [2,8]: 

kB
Pt b

b =    (5) 

Integrating noise power at all spatial angles and taking into 
account the characteristics of antenna F(θ,ϕ)antenna noise 
temperature can be expressed in a way [6,8] 
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Natural source noise can be atmospheric noise, cosmic 
noise, noise from Earth and noise from different cosmic 
objects. Cosmic noise decreases approximately with the 
square of the frequency so that the above 1 GHz is very small 
and can be ignored by receiver operating in the microwave 
range. Noise from Earth, that correlates average noise 
temperature of 254 K, is important only for satellite antenna 
with the main radiation bean directed to Earth. There are 
number noises from many cosmic objects, but the only 
significant is the noise from the Sun. The Sun noise 
significantly affects on antenna noise only when large 
direction antenna with main radiation beam directed to the 
Sun. Atmospheric noise can derive from two sources. In The 
first is electrostatic discharge in atmosphere that overcomes 
for frequency range bellow 50 MHz. The last is emission in 
atmosphere due to water vapor and oxygen that is dominant in 
high frequency range. Figure 1. shows temperature of 
atmosphere brightness versus antenna elevation and frequency 
when average concentrate of tropopause water vapor is 10 
g/m3. [2]. Considering only atmospheric influence and if 

space angle of antenna effective radiation Ωa, is less then 
space angle of noise source radiation Ωb, temperature of 
antenna noise can be equalized with temperature of noise 
source brightness 

baba tt ΩΩ <≈ ,                         (7) 
 

 
Figure 1. Temperature of atmosphere brightness versus antenna 

elevation and frequency when average concentrate of 
tropopause water vapor is 10 g/m3 for calm and good in 

standard atmosphere weather 

III. NEURAL MODEL OF MICROWAVE ANTENNA 
NOISE TEMPERATURE 

The model of noise temperature of receiver antenna in 
wireless communication system in microwave range considers 
only influences by atmosphere as dominant noise source while 
other noise sources are taken as inappreciable. For large space 
angle of antenna radiation, antenna noise temperature is 
approximately equal as temperature of antenna brightness 
from atmosphere that radiates noise. Also, it considers calm 
and good weather with constant atmospheric pressure  
1013.25 mb and atmospheric temperature T=25° C. For given 
conditions, brightness temperature depends on water vapor 
concentration ah, antenna elevation angle θ and frequency f. 
The problem should be modeled as the function 

),,( fagt hb θ=                               (8) 

The neural model given as function y=y(x,w), where y is 
neural network function and w is a connection weight matrice 
among neurons [3,4], has input vector  x=[ah, θ, f]T and output 
vector y=[tb]. The modeling brightness is done by using 
Multilayer Perceptron Network (MLP) with appropriate MLP 
neural model defined as: 

),,,(),],,([ Wfaffayt hMLP
T

hb θθ == w           (9) 

where fMLP is transfer function of  MLP network used for 
realization neural model. If weight matrice w is presented as 
matrix structure, it can cause difficulties in implementation 
neural network and in its training algorithm. For this reason, 
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neural network weight matrice w is replaced by set of neural 
network weights whose elements are weight matrices and 
vector of biases of neural network layers. During process of 
training, values of weights W change to adjust function fMLP to 
model function. 

The figure 2. presents the architecture of MLP neural model 
of antenna brightness temperature versus atmosphere in 
microwave range while the atmosphere conditions are 
constant. The vector of l-th hidden layer outputs can be 
presented using vector yl with dimension Nl × 1 where Nl is 
number of neurons in l-th layer. i-th elements of vector yl[i] is 
output of i-th neurons from s-th neural layer (s=l+1 
considering input layer also) vi

(s)=vi
(l+1), viz 

T)1()1(
2

)1(
1 ],,,[ +++= l

N
ll

l l
vvv Ky . Further 

)( 1 llll F bywy += −                        (10) 

where yl-1 is a Nl-1 × 1 vector of (l-1)-th hidden layer outputs, 
wl is a Nl × Nl-1 connection weight matrix among (l-1)-th and 
l-th hidden layer neurons, and bl is a vector containing biases 
of l-th hidden layer neurons. In the above notation y0 
represents outputs of the buffered input layer y0 = x. The 
element wl[i,j] from weight matrix wl represents connection 
weight between  i-th neuron of (l-1) hidden layer and j-th 
neuron of l hidden layer, viz between i-th neuron network 
layer s=l and j-th neuron in network layer s=l+1, while 
bi

(l)=b[i] is bias value of  i-th neuron in hidden layer l.  F, the 
transfer function of hidden layer neurons, is hyperbolic 
tangent sigmoid 
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Figure 2. The architecture of MLP neural model of antenna 

brightness temperature tb versus water vapor concentration ah, 
antenna elevation angle θ and frequency f 

All neurons from the last hidden layer H are connected with 
the neuron of the output layer. Since the transfer function of 
output layer is linear, the output of the network is: 

Hobt yw=                                (12) 

where wo is a 1 × NH connection weight matrix among the H-
th hidden layer neurons and output layer neurons (Figure 3). 
Thus, set of network weights is presented as 

{ }HoHW bbwww ,...,,,,..., 11=                (13) 

The notation of MLP models MLPH-N1-…-Ni-…-NH  where 
H represents hidden layers number and Ni is the numbers of 
neurons of i-th hidden layer. 

IV. MODELLING RESULTS 

MatLab 7.0 software development environment is used for 
realization and training MLP model. The training of neural 
model is done using 1110 samples that are visual read from 
the graphics in [2] (One graphic for water vapor concentration 
ah = 10 g/m3 is shown in Figure 1.). The samples are read in 
frequency range 2 GHz ≤ f ≤ 45 GHz for antenna elevation 
θ = 0°, 5°, 10°, 20°, 45° and 90°, and for water vapor 
concentration ah, = 0, 3, 7.5, 13 and 17 g/m3. Levenberg-
Marquartd method is used for training neural model with 
accuracy 10-5. To achieve the best trained MLP model, many 
different MLPH-N1-…-Ni-…-NH  models are trained where 
H = 2 and 4 ≤ Ni ≤ 30. 

TABLE I. THE TESTING RESULTS FOR EIGHT MLP MODELS 

MLP model WCE [%] ACE [%] rPPM
 

MLP2-9-8 5.51 1.05 0.9986 
MLP2-9-5 6.80 1.04 0.9984 
MLP2-10-9 6.85 1.06 0.9984 
MLP2-8-8 7.05 1.01 0.9984 
MLP2-10-4 7.15 1.11 0.9984 
MLP2-10-9 7.21 1.05 0.9983 
MLP2-9-9 7.46 1.06 0.9981 
MLP2-9-5 5.93 1.20 0.9980 

 
Figure 3. Scattering diagram for MLP2-9-8 model 

The test of every trained MLP model is done with the set of 
444 samples that are read in frequency 2 GHz  ≤ f ≤ 45 GHz 
for antenna elevation θ = 30° and for water vapor 
concentration ah, = 0, 3, 7.5, 13, and 17 g/m3, as well as for 
antenna elevation θ = 0°, 5°, 10°, 20°, 30°, 45° and 90°, and 
for water vapor concentration ah = 10 g/m3. These test 
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samples have not been used in training. The basic criterion for 
selection the best MLP network is the maximum value of 
Pearson Product-Moment correlation coefficient rPPM. [2-5]. 
Test results of successfully trained MLP networks are 
presented in the Tables I together with the average test error 
(ATE) and the worst case error (WCE). 

 
Figure 4. Antenna brightness temperature caused by atmospheric 

noise versus frequency obtainet by using MLP2-9-8 model for water 
vapor concentration ah, = 10 g/m3 and antenna elevation θ = 5°, 10°, 
20° and 45° and comparison these values with referent values read 

from the graphics in [2] 

 
Figure 5. 3D presentation of antenna brightness temperature caused 

by atmosphere that radiates noise versus antenna elevation and 
frequency for water vapor concentration ah, = 10 g/m3 (results were 

obtained by using MLP2-9-8 model) 

The model MLP2-9-8 is chosen as representative model of 
antenna brightness temperature caused by atmospheric noise. 
Figure 3. shows the scattering diagram that this model gives in 
testing process. It can be seen very satisfying agreement 
between neural model output and samples that are visual read 
from the graphics in Figure 1. 

The model MLP2-9-8 is used for simulation of antenna 
brightness temperature caused by atmosphere that radiates 
noise versus antenna elevation and frequency. Figure 4. show 
simulation results for antenna elevation θ = 5°, 10°, 20° and 
45° and comparison these values with referent values read 
from the graphics [1,2]. It can be seen very satisfying 
agreement between these results and referent values proving 

the choice of this model. Figure 5. presents 3D dependence of 
antenna brightness temperature versus atmosphere that 
radiates noise versus antenna elevation and frequency using 
8099 points per surface. This dependence is got for less then 3 
seconds using Pentium IV 1.4 GHz and 2GB RAM proving 
great simulation speed of chosen neural model. 

V. CONCLUSION 

During the process of designing the modern wireless 
communication systems, procedures for estimation of external 
noise have a very important role due to external noise can 
significantly influences to services quality of wireless 
systems. Classic way of visual reading from different printed 
graphics can be time consuming and with great error 
possibility because of visual reading and applying 
interpolation formulas. The good alternative can be neural 
networks models of complex graphs from various 
recommendations for antenna noise calculation. Neural model 
can avoid errors due to manual graphs reading enabling faster 
calculation of the level of external noise of receiver. 

Neural model also enables the automation of the process of 
predicting noise power of receiver making one suitable 
method for the efficient analysis of the entire coverage area of 
wireless communication system transmitters in a big number 
of points that is of vital importance for the design and analysis 
of all components of modern wireless communication 
systems. 
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2D DOA Estimation of Two Coherent Sources based on 
RBF Neural Networks 

Marija Agatonovic1, Zoran Stankovic1, Bratislav Milovanovic1, Ivan Milovanovic2 and 
Nebojsa Doncov1 

 
Abstract – The application of a Radial Basis Function (RBF) 

neural network for two-dimensional Direction of Arrival (DOA) 
estimation of two coherent sources is considered in this paper. To 
provide network training and testing datasets, the narrowband 
signal model and rectangular antenna array geometry are 
assumed. Simulation results of the network are presented to 
verify its effectiveness in 2D DOA estimation and particularly its 
ability to separate two closely spaced coherent sources. This 
feature of the RBF network as well as capability to operate in 
real time represents its major advantage over the well known 
MUSIC algorithm with spatial smoothing pre-processing (SSP) 
scheme.  

 
Keywords – Coherent sources, Direction of arrival estimation, 

Radial Basis Function (RBF) neural network, Rectangular 
antenna array. 
 

I. INTRODUCTION 

Smart antenna plays crucial role in modern wireless 
communication systems. By adjusting the beam pattern as the 
desired user and interference move it is able to significantly 
improve the system capacity. Concerning this, direction-of-
arrival (DOA) estimation of users’ signals is performed using 
the spatial covariance matrix of received signals at antenna 
array elements. Based on the information provided by the 
DOA estimation algorithm, weights are calculated and 
radiation pattern of the array is reshaped to amplify the 
desired signal and cancel the interference. To estimate DOAs 
of non-coherent sources the subspace based methods reported 
in [1] and [2] use the property that the rank of the signal 
component of a nonsingular spatial covariance matrix equals 
the number of radiating sources. In this case, the signal and 
noise subspaces can be obtained by eigen-decomposition of 
the covariance matrix. However, this property is not valid for 
coherent sources. The spatial smoothing is the best known 
preprocessing technique that is applied to circumvent the 
problems encountered in DOA estimation of coherent signals 
[3]. A disadvantage of spatial smoothing is the requirement to 
form subarrays whose number must be equal to or greater than 
the number of signals. This effectively reduces the antenna 
array size and ultimately reduces the resolution of the 
estimation method. Therefore, this technique has 
shortcomings when DOAs of closely spaced coherent sources 
have to be estimated.  

In this paper, we propose a RBF neural network-based 
model to estimate DOAs of coherent sources in both azimuth 

and elevation. As shown in the paper, this approach is very 
efficient and accurate as it is independent on the 
eigenstructure of the covariance matrix [4]. DOA estimation is 
based on the simulation data of two coherent sources at the 
same elevation and different azimuth angles and mutual 
distances. The observed space is from -45° to 45°, both in 
azimuth and elevation plane. Performance of the developed 
neural model is verified using test data, not included in the 
training process. The obtained results and comparison to 
MUSIC with SSP proves the good generalization capability of 
the RBF neural model. 

This paper is organized as follows. Section II introduces the 
signal model for narrowband coherent sources. Section III 
describes the architecture of an RBF neural network (RBF-
NN) and corresponding training procedure. Section IV 
presents data pre-processing for the network training, RBF-
NN modeling results and comparison with MUSIC with SSP. 
Section VI, the Conclusion, summarizes the main results. 

II. SIGNAL MODEL 

Let us consider a uniform rectangular array (URA) 
composed of M × N omnidirectional antenna elements 
(sensors), as shown in Fig. 1. Each antenna element is denoted 
by its coordinates (m, n), where m = 0, 1, 2, … M - 1 and n = 
0, 1, 2, ... N - 1. Elements of the URA are placed along the y- 
and z-directions with constant inter-element spacing of dy and 
dz, respectively. To avoid spatial aliasing, distance between 
adjacent elements in the URA is usually half a wavelength, 
dy=dz=d=λ/2. 

 
Fig. 1. Uniform rectangular array (URA) 
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For K narrowband coherent signals, centered at frequency 
ω0, that impinge on the URA from directions {(φ1,θ1), (φ2,θ2), 
…, (φK,θK)} in azimuth and elevation, the signal received by 
the array elements can be written as 

 )()(),()( ttt nsAx += θϕ                         (1) 

where x(t), n(t), and s(t) are given by 
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Vector of antenna array outputs is denoted by x(t), s(t) stands 
for the vector of source signals while n(t) represents noise 
vector as signals incident on the array elements are assumed 
to have some noise associated with them. The phase 
differences between signals collected by the array elements 
make it possible to calculate DOAs. If the phase reference 
point is located at (m, n) = (0, 0) then the phase of the k-th 
incident wave at the element with coordinates (m, n) can be 
written as follows 

 )sinsincos(2),()(
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Therefore, the steering vector of the k-th incident signal is 
given by 
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where k = 1, 2, ... K. A(φ,θ) in Eq. (1) is a steering matrix 
whose columns are steering vectors towards K different 
directions of arrival and it can be written as follows 

  ]...[),( )()1()()3()2()1( KKk aaaaaaA −= Kθϕ       (5) 

Finally, the spatial covariance matrix R of the received noisy 
signals can be defined by 

      IASAxxR 2)}()({ σ+== HH ttE               (6) 

where E{} is the expectation operator, H denotes the complex 
conjugate transpose operation, σ2 is the noise variance, I is the 
identity matrix, S is K×K signal covariance matrix given by 

[ ] H
l

H tsEttE ccssS 2)()]()([ ==                   (7) 

In Eq. (7), c=[ρ1 ρ2 . . . ρK]T  where ρi, i=1, 2,…K, denotes the 
relative amplitude and phase between the ith and lth source 
(ρl=1). It can be observed that the signal subspace of matrix R 
is of rank one instead of K and the noise subspace is 
orthogonal to Ac instead of the columns of A which implies 
the failure of the subspace based method when the spatial 
covariance matrix R is used in this form. 
 
 

III. RADIAL BASIS FUNCTION (RBF) NEURAL 
NETWORKS 

Neurons in a Radial Basis Function (RBF) neural network 
are organized into three layers, an input, an output as well as 
one hidden layer. Every neuron in each layer of the network is 
connected to every neuron in the adjacent forward layer, and 
no connections are permitted between the neurons belonging 
to the same layer. Each neuron is characterized by its transfer 
function and each connection between two neurons by a 
weight. Transfer functions of neurons of the input and output 
layers are usually linear whereas neurons of the hidden layer 
have radial basis transfer function that performs non-linear 
mapping. The main parameters of radial basis function are a 
centre vector and standard deviation (spread). The mapping 
function depends on distance between the input vector and the 
centre vector. An RBF network with n-dimensional input 

nRx∈  and m-dimensional output mRy∈  can be represented 
by the weighted summation of a finite number of radial basis 
functions as follows 

( )∑
=

−==
L

i
ii xxwxFy

1

)( ψ                          (8) 

where ψ(||x-xi||) is the radial basis function of x, obtained by 
shifting ψ(||x ||) by xi, L is a set of arbitrary functions and xi 
are centers of the radial basis functions. In Eq. (8), ψ is 
usually assumed to be un-normalized Gaussian function given 
by 

2

2

2)( σψ
x

ex
−

=                                     (9) 

where σ denotes the standard deviation of the radial basis 
function (spread). Gaussian function is highly nonlinear, and 
it is able to provide good characteristics for incremental 
learning.  

Training process of an RBF neural network begins by 
separating data into training and testing set. Input and output 
of the network are the domain and the range pairs (p, t), 
respectively. The error goal (usually MSE - Mean Squared 
Error) is a controlling parameter of the training process 
chosen in advance. In the particular case, the spread (standard 
deviation) of the radial basis function is equal for all hidden 
neurons. As the best value of this parameter cannot be a priori 
known, it is usually experimentally determined through the 
training of a number of neural networks and comparing their 
performance.   

The algorithm used to determine the cluster centers and 
weights between the hidden and the output layer is Orthogonal 
Least Squares (OLS). Initially, the hidden layer of the network 
contains no neurons. Following the OLS algorithm, only one 
neuron is added in iteration with the center equal to the input 
vector that causes the maximum error. After that, weights 
between neurons (wi,j) are recalculated. This process continues 
until the previously defined criteria for the MSE is met or the 
maximum number of neurons in the hidden layer is reached. 
The size of the RBF network (number of neurons in the 
hidden layer) is known at fully trained network. Once trained, 
the network is able to give accurate responses to those inputs 
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that have not been presented to the network in the training 
process. The test set is taken from the same distribution as the 
inputs used in the training set. Accuracy of the trained RBF 
neural network can be expressed using statistical parameters 
such as worst case error (WCE (%)), average case error (ACE 
(%)) and Pearson Product-Moment correlation coefficient 

IV. MODELLING RESULTS IN CASE OF TWO 
COHERENT SOURCES 

The training data are collected at several positions of two 
coherent sources in azimuth and elevation. The observed 
space is from -45° to 45°, both in azimuth and elevation. It is 
assumed that both sources are at the same elevation plane, and 
at different mutual distances in azimuth plane (2°, 5°, 10°, 
20°, 30°, 50°, 60°, and 90°). The resolution of training 
samples is 2° in azimuth, and 5° in elevation. However, 
testing set is formed at mutual distances 3°, 17°, 35°, 55°, and 
75°, and in steps of 2.7° in azimuth and 3° in elevation. To 
simulate the presence of white Gaussian noise, random 
numbers were added to the training and testing data. The 
Signal to Noise Ratio (SNR) is assumed to be 15 dB, and 
distance between array elements is taken to be half a 
wavelength. Spatial covariance matrix is estimated from 5 
snapshots of received signals. 

As a first step in developing a neural network to estimate 
2D DOAs, simple preprocessing of spatial covariance matrix 
is performed. The matrix is organized in a vector in such a 
manner that real and imaginary parts of complex matrix 
elements are separated. As the matrix R is symmetrical with 
respect to the diagonal, the elements of its upper triangular 
part provide sufficient information for DOA estimation of 
coherent sources. If a 16-element rectangular antenna array is 
employed at the receiver that implies 256 neurons in the input 
layer of the RBF network. Since azimuth and elevation angles 
of two coherent sources have to be estimated, the neural 
network is going to have 4 outputs (Fig. 2).  After a number of 
neural models are developed, the one demonstrating the best 
test statistics is chosen for 2D DOA estimation of coherent 
sources. In our case, the optimum RBF network contains 733 
neurons in its hidden layer, and correlation coefficient of 
0.9976.  

 

 
 

Fig. 2. RBF neural model for 2D DOA estimation of coherent 
sources 

The RMSE (Root Mean Squared Error) of the estimates 
from the testing set is plotted in Fig. 3 and Fig. 4 for mutual 
distance of 35° between two sources. The error is calculated 
using the formula 

})(){( 22
estrefestrefERMSE θθϕϕ −+−=          (10) 

Keeping in mind that only one RBF neural network is 
employed to estimate azimuth and elevation DOAs of 
coherent sources, the estimation error in Fig. 3 and Fig. 4 is 
not so significant. The network demonstrates similar 
performance for all incident angles of coherent signals.  

 
Fig. 3. RMSE of the 2D DOA estimates for the first coherent 

source (mutual distance between sources is 35°) 

 
Fig. 4. RMSE of the 2D DOA estimates for the second coherent 

source (mutual distance between sources is 35°) 

TABLE I 
RBF-NN ESTIMATES 

Actual DOAs (°) 
(φ1, θ1), (φ2, θ2), 

RBF-NN estimates (°) 
(φ1est, θ1est), (φ2est, θ2est), 

(-10, 10) (10, 10) (-9.37, 9.78) (-9.57, 9.78) 
(-14, -17) (14, -17) (-15.23, -16.51) (14.43, -16.51) 
(-21, 26) (21, 26) (-22.51, 25,69) ( 22.75, 25.69) 
(-30, -35) (30, -35) (-30.84, -35.55) (30.60, -35.55) 

TABLE II 
MUSIC WITH SSP ESTIMATES 

Actual DOAs (°) 
(φ1, θ1), (φ2, θ2), 

MUSIC with SSP estimates (°) 
(φ1est, θ1est), (φ2est, θ2est) 

(-10, 10) (10, 10) (1, 10.5) (1, 10.5) 
(-14, -17) (14, -17) (8, -16.5) (8, -16.5) 
(-21, 26) (21, 26) (-18.5, 25) (19.5, 26) 
(-30, -35) (30, -35) (-31, -34.5) (-30, -35) 
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In Table I and Table II, 2D DOA estimates of the RBF-NN 
and MUSIC algorithm with SSP are given for several 
positions of coherent sources. Based on this data it can be 
concluded that neural model gives more accurate estimates in 
the wide sector of azimuth and elevation angles. Further, the 
first two rows of the Table II show the inability of the MUSIC 
with SSP to separate and detect two closely spaced coherent 
sources.  

 

 
Fig. 5. MUSIC with SSP spectrum for two coherent sources 

positioned at (-10°, 10°) and (-10°, 10°) 

 
Fig. 6. MUSIC with SSP spectrum for two coherent sources 

positioned at (-14°, -17°) and (14°, -17°) 
 

 
Fig. 7. MUSIC with SSP spectrum for two coherent sources 

positioned at (-21°, 26°) and (21°, 26°) 
 

The results presented in Fig. 5 and Fig. 6, are consequence 
of a reduced effective aperture of the antenna array after the 
decorrelating procedure (SSP) is applied to the original spatial 
covariance matrix. The results can be even deteriorated in 
case of a lower SNR. Fig. 7 demonstrates good estimation 
results of MUSIC, for two sources separated by 42°. On the 
other side, RBF neural network detects sources independently 
of their mutual distance. This feature of the network is 
considered as its main advantage over the conventional 
MUSIC with SSP. In addition, neural network considers DOA 
estimation as a function approximation problem avoiding 
complex matrix calculations and 2D spectrum search. 
Therefore, it is able to obtain 2D DOA estimates in real time 
unlike the time-consuming MUSIC algorithm.  

To improve the accuracy of RBF-NN 2D DOA estimates 
and to expand the observed space, authors of this work are 
going to develop a more complex and efficient model based 
on smaller RBF neural networks.  

 

V. CONCLUSION 

In this paper, we propose an RBF neural network-based 
model for the efficient 2D DOA estimation of coherent 
sources. Using the assumption of a 16-element rectangular 
antenna array at the receiver, positions of coherent sources are 
estimated in a wide sector of azimuth and elevation angles. 
The developed neural model does not require special pre-
processing technique to decorrelate signals. Simulation results 
demonstrate the ability of the model to provide more accurate 
results than 2D MUSIC algorithm with spatial smoothing 
preprocessing technique. Besides, the RBF neural model is 
able to operate in real-time and outperforms MUSIC with SSP 
in terms of speed of computation.  

ACKNOWLEDGEMENT 

This work was supported by the project TR-32052 of the 
Serbian Ministry of Education, Science and Technological 
Development. 

REFERENCES 

[1] R. Schmidt, “Multiple Emitter Location and Signal Parameter 
Estimation,” IEEE Trans. on Antennas and Propagation, vol. 34, 
no. 3, pp. 276-280, 1986. 

[2] R. Roy, T. Kailath, “ESPRIT-Estimation of Signal Parameters 
via Rotational Invariance Techniques,” IEEE Trans. on 
Acoustics, Speech and Signal Processing, vol. 37, no. 7, pp. 984 
– 995, 1989.  

[3] H. Yi, X. Zhou, “On 2-D Forward-Backward Spatial Smoothing 
for Azimuth and Elevation Estimation of Coherent Signals,” 
Antennas and Propagation Society International Symposium, 
2005 IEEE, vol. 2B, pp. 80-83, 2005. 

[4] M. Agatonović, Z. Stanković, N. Dončov, L. Sit, B. 
Milovanović, T. Zwick, “Application of Artificial Neural 
Networks for Efficient High-Resolution 2D DOA Estimation,” 
Radioengineering, vol. 21, pp. 1178-1186, 2012. 

432



 
 

Statistical analysis of multiple reflections 
in single mode waveguides  

András Fehér1 and Szilvia Nagy2 

Abstract – During conducted measurements the reflection is 
one of the most varying components of the measurement 
uncertainty. For studying the distribution of voltage during cable 
reflections, in this paper we make a simple computational model 
and statistical analysis of the electric field to determine the 
distribution of uncertainty for the Voltage (Power) 
measurement. We also show, that the usually suggested U 
distribution does not always describe the behavior of the 
measured values, a beta-distribution is more proper for this 
purpose. 
 

Keywords – Reflection, EM field, beta distribution, 
measurement, measurement uncertainty. 

I. INTRODUCTION 

As the RLAN devices are getting more and more 
widespread, their ERM measurements have to be carried out 
more precisely according to harmonized EN standards, e.g., 
[300 328]. The estimation of measurement uncertainty is an 
essential requirement for the test laboratories. More generally 
it can be said, that the standards to be applied operation of the 
laboratories imply that the measurement uncertainties – as a 
quantity qualifying the liability of the measured data – should 
be indicated in the test report, beside the measured values. 

During radio frequency measurements the measurement 
uncertainty components caused by reflections (mismatch) 
have peculiar properties compared to other, more general 
components. 

The uncertainty contribution values attributed to reflections 
are more likely to be near the maximal or minimal value, than 

to be small value. According to ETSI ERM standards, the 
estimation of the uncertainty have to use the Technical report 
[TR 100 028-1]. According to page 27 of this Technical 
report, “mismatch uncertainties have the "U" distribution”, 
which is presented in Fig. 1. 

II. THE EFFECT OF THE REFLECTIONS IN PRACTISE 

As we have sown in [1], multiple reflections at a given 
frequency basically do not modify the field distribution in the 
waveguides, it causes at most of the cases a minimal 
amplitude and phase shift only. 

Compared to the single reflected wave case the secondary 
and higher reflection component (Fig. 2) add only an 
additional components to A and B with a certain phase and 
amplitude. (Fig. 3) 

 

 
Fig. 2. Reflection places at non homogeneous waveguide 

 
Using this line of thoughts we can introduce a modified 

reflection coefficient Γ for the all studied waveguide part. 

 
A
B

=Γ .  (1) 

 

 
Fig. 3. Reflection at waveguide 

 
The effect resulting from the reflections at a given 

measuring frequency depends on the applied waveguide 
lengths and frequency. The frequency dependence for a given 
waveguide with multiple reflections can be seen in Fig. 4.  

Practically we can suppose that measuring frequency and 
the applied cable length are independent random variables 
during a measurement [2]. Therefore the attenuation gives a 
function of random variables. 
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Test Laboratory, Egyetem tér  1, Győr, Hungary, H-9026
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E-mail: nagysz@sze.hu. Web: http://ta.sze.hu 

 
Fig. 1. The effect of the reflections according to Figure 5. 

 [TR 100 028-1 p. 27] 
 

433



 
 

 

III. COMPUTATIONAL MODEL 

The equation for the propagating waves are 

 tjxjx eeeAtxA ⋅⋅⋅⋅−⋅− ⋅⋅⋅= ωβα
0),( ,  (2) 

 tjLxjLx eeeBtxB ⋅⋅−⋅⋅−⋅ ⋅⋅⋅= ωβα )()(
0),( ,  (3) 

During the simulation the voltage function for both A and B 
have to be calculated as a function of time and place. A finite 
difference model is used for this purpose. We have found, that 
it is really sufficient to model the distribution of voltage on 
half wavelength (λg/2) long part of the waveguide. In a 
measurements, the test receivers measure, e.g., the peak of the 
measured signal. According to this fact in the simulation it is 

enough to calculate the positive peak values on the 
waveguide. We present the positive peaks of our finite 
difference study in Fig. 5. The lower peaks are missing from 
the simulation, as they carry no extra information for our 
purposes. The model was developed and run in scilab 
environment [4]. 
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 Fig. 6. Distribution of Upeak at |Γ| = 0.5 as a function of position at a 

half-wavelength long waveguide. 
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Fig. 7. Distribution of Upeak at |Γ| = 0.9 as a function of the position. 

 
 
As Fig. 6 and Fig. 7 show, the shape of the distribution of 

the voltage depends on the reflection coefficient Γ. 
The empirical cumulative distribution function - calculated 

by the Statistical toolbox of Matlab [5] - of the normalized 
voltages are shown in Figs. 8-10. Three different reflection 
coefficient values are presented, a small, a medium and a 
large one. The differences are visible, but the tendencies are 
similar for all three cases. 

 
Fig. 4. Attenuation of a given coaxial waveguide with multiple 

reflections as a function of frequency. 
 

 
Fig. 5. Only positive peak values calculated during simulation. 
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Fig. 8. Empirical CDF of Upeak at |Γ| = 0.1. 
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Fig. 9. Empirical CDF of Upeak at |Γ| = 0.5. 
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Fig. 10. Empirical CDF of Upeak at |Γ| = 0.9. 

 
We have tried to fit several types of distributions - from 

normal through exponential and Weibull to Rayleigh - to the 

data. The results can be fitted the best by beta distribution 
functions. The Bata probability density function is 

 
),(

)1()(
11

βα

βα

B
XXXf

−− −⋅
= ,  (4) 

where B is the beta function with parameter α and β 

 ,)1(),(
1

0

11∫ −− −⋅= dXXXB βαβα   (5) 

and there is no closed form in general for the distribution 
function [6]. The parameters α and β as a function of the 
reflection parameter Γ are plotted in Figs. 11 and 12. 
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Fig. 11. Parameter α of the beta distribution as a function of |Γ|. 
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Fig. 12. Parameter β of beta distribution as a function of |Γ|. 

 
The two parameters α and β as a function of the reflection 

coefficient Γ can be seen in the 3D plot of Fig. 13. A 
continuous line can be seen. In case of measurement results, 
we are not expecting the points to be on the line, but in a small 
environment of it.  

The mean value estimation of the beta distribution is 
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and the variance can be written as 
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βαρ ,  (7) 

Using these formulae, the confidence range of the distribution 
can be calculated. The confidence range of the two parameters 
α and β can be seen in Figs. 14 and 15. 
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Fig. 13. Dependency of α,β, |Γ|. 

 

IV. CONCLUSION 

The method presented in Section III is suitable for 
characterizing the distribution of voltage on the transmission 
lines. The distribution of voltage - in contrast with the U 
distribution suggested by the standards - is rather a Beta 
distribution, its parameters α and β are clear functions of the 
effective reflection coefficient |Γ|. The confidence range is 
shown in Figs. 14 and 15 (blue line denotes the parameters α 
and β the red and green lines show the upper and lower limit 
of their confidence range). 
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