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WITH SPEECH SEQUENCES IN THE ENVIRONMENT OF IP NETW ORKS BY MEANS OF
PESQ ALGORITHM
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Abstract This paper describes simulations of tesialogue. The drawback of this method is that
and speech sequences transmission for intrusexa@luation algorithm can not utilize an original
measurement of Voice Transmission Quality sfimple of the primary signal. Thus, it is very
Service ¥YTQoS in the environment of IP difficult to detect some types of signal distortion
networks. The aim of simulations was detethat occure during transmission. In the intrusive
environment influences on the quality omethods, only a test voice sample is transmitted.
transmission sequences, particularly an influenthese methods have been known since the
of coding schemes, packets loss and the jitter loeginning of the telecommunication technologies,
the transmission sequences. The evaluation of t®ken the special sequences of vowels (known as
and speech sequences simulations were basedogathoms) were transmitted after the connection
the calculation of thé/loS (Mean Opinion Score) had been built-up. A receiver had to recognize
values. The PESQ algorithm was used forthese logathoms. This way of subjective evaluation
calculation of MoS values. Reconsideration of as used to nowadays (e.g. metiddS.

convenience of the given test sequences, which &oslay’s technical and software facilities provide
composed from simple signals, on intrusiven objectification of this measurement method by
measurement o¥ TQoSin the environment of IP transmitting the sound sample defined beforehand,

networks is the aim of this paper. its receiving on the destination side, and a
comparison of the transmission sample and the
1. INTRODUCTION original sample using the suitable algorithm that

_ o . _ . imitates the way of perception and evaluation of
VTQoS(Voice Transmission Quality of Service) igpe quality transmission opinion by an average

one of the important parts dQoS (Quality of |istener. It is for example E-model defineddR-
Service) It is very importanfor granters as well asp50  or algorithm PSQM (Perceptual Speech
for users. When communication network includggyality Measurement) defined iR.861 ITU-T

in more and more transmission technologies, 8o PESQ (Perceptual Evaluation of Speech
increase in complication and the complexity @hyality) defined inP.862 ITU-T The algorithm
networks is seen. Measurement of the Vvoig&SQOM is based on comparison of the power
transmission quality becomes only platform that ig)ectrum of the corresponding sections of the
available for simultaneous comparison of differegkiginal and the received signals. The results of
transmission technologies and that is the mQfls algorithm more correlate with the results of
relevant to the view of the users. Of course, it igtening tests, in comparison with-model At
possible to measure and evaluate the transmissipdsent, this algorithm is no more used because of
parameters of the networks. But only thg raw time alignment. Instead of it the algorithm
evaluation of end-to-end quality provides optim@gsQis used. Th@ESQalgorithm facilitates with
results because of the complexity of netwokkery fine time alignment and one single
way as users do. Since voice service is the mggiculation ofMoS

wide-spread service, in which a user uses filter an choice of the optimal test sequence is very
predicative abilities of human brain, it is crud@l jmportant for all these methods. The test sequence
optimally evaluate a quality of such servicgyoyld consist of non-speech-like (fully artificial)
Evaluation of a quality of the voice service may bggnals. These signals are closer define® 501
performed using intrusive Or nON-INWTUSIVETY-T and the recommendation divides them into
methods, objectively or subjectively. Using norjeterministic and random signals. An advantage of
intrusive  method, we only monitor existinghese signals is simplicity and possibility of a
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comparison of the results measured in different Sinusoidal | Gaussian white | Square bipolar
language areas. Thus, the test sequence composed | ¢25mms| e-ooon | ¢nso0ms
from those signals enables the comparison of
networks of individual countries within one
corporation (e.g. Deutsche Telecom, Orange and
Vodafone) from the point of the vieWTrQoS

Here we focus to the influence of used coder,  Fig.2 Second part of the first type of test seqeenc
packet loss and jitter on the quality of transnaissi (testseql)

sequences.

The choice of first type of test sequence for
2. DESCRIPTION OF THE FIRST TYPE OF intrusive measurement afTQoSis published in
TEST SEQUENCE (testseql) [3]. The optimization of this type of the test
sequence for cod€3.723.1 ITU-TandG.729 ITU-
The length of the test sequence is set to 90 SEds published in [4].
This period equals to the length of a phone call of
average user. The test sequence is composed from
the following signals introduced and evaluated # DESCRIPTION OF THE SECOND TYPE

[6]: OF TEST SEQUENCE (testseq?2)
* Sinusoidal signal with frequencies 300rhe |ength of the test sequence is set to 90 sec.
800, 1000, 1700, 2400, 3000 Hz , This period equals with the length of a phone call
« Square bipolar signal with frequencie8f average user. The sequence was created of the
300, 400, 500, 600, 635, 670 Hz , signals, whose convenience as verified in [6]. The

creation of test sequence was based on superposing
 Gaussian white noise with = 0 andd= Sjnusoidal signal and Gaussian white noise on the
0,0001; 0,001; 0,01; 0,1; 0,5; 1. square bipolar signal. We must hold on the
condition of orthogonality. This rule only relatis
The principle of the creation of the final teseriodic signals. These signals with competent

sequence is based on arrangements of the partpgthmeters were used to create the sequence:
thetest sequence, which are shown in Figure 1 and . sjnusoidal signal with frequencies 500,

Figure 2. The final test sequence consists of six 1000, 1500, 2000, 2500, 3000 Hz ,
sections. Each section consists of five parts. The . Gayssian white noise with= 0 andJ=

arrangement shown in Figure 1 is used once and 0.0001: 0.005: 0.001: 0.05: 0.025: 0.01.

then the arrangement shown in Figure 2 is Usefe square bipolar signal with frequency 500 Hz
four times to form the first section of final teshs used as a carrier signal.

sequence. The arrangement shown in Figure 2 is
used five times to form the other sections of the

. . Gaussian white noise | Sinusoidal signal
final test sequence. The signals step-by-step have | q—o.5-o0.0001) (£= 500 Hz)

. . B osed = osed
got the values defined above. That means, in the | o sanre bipolar on Seprare bipolar
second section of the test sequence (from 15@ec. t | #enal €= 300 Hz) | sienal (£~ 300 Hz)

30 sec.), the signals have the following values: ‘
Square bipolar signdl= 400 Hz, Gaussian white o - .
noise d = 0,001 and Sinusoidal signal f = 800

Hz. The values of the signals in the first secbon  Fig. 3 Initial part of the second type of test
the test sequence (from 0 sec. to 15 sec.) are the sequence (testseq2)

same as those in Figure 1 and Figure 2.

The principle of the creation of the final test

Sauare bipolar) Gaussin white | Stawsoral sequence is based on an arrangement of initial part
Sasetietal [ (G TRER) [ (Gt of relevant test sequence, which is shown in Figure
3. The arrangement shown in Figure 3 is used six

3s times to form the final test sequence. Thus, final

test sequence consists of six parts. The signals
step-by-step get the values defined above. Hence,
in the second part of the test sequence (from 15
sec. to 30 sec.), the signals have the following
values: Square bipolar signdl = 1000 Hz,
Gaussian white noisé= 0,005, the parameters of

Fig.1 Initial part of the first type of test sequen
(testseql)



carrier signal are not changed. The values of thd Principle of simulation
signals in the first part of the test sequencentf _ _
sec. to 15 sec.) are the same as those in Figure 3 he source sequences described in chapter 2 and

hapter 3 and 4 were used for the simulations. The
The choice of second type of test sequence ﬁq P were u imulati

. ; STOOS blished | Mulations were realized for different setting of
Intrusive measurement _Qo IS PUbIISNEd 1N yacket loss and jitter rate parameters and with
[10]. The optimization of this type of test sequen sing these 2 coders:

for G.729 ITU-Tcodec can not realized, because G.723.1 ITU-'i' (5.3 kbps, 6.3 kbps)

the creation of this type of test sequence wasdbase T ' PS, ©. P
on superposing Sinusoidal signal and Gaussian ¢ G.729 ITU-T.
white noise on the square b|po|ar signal. T e simulations of jitter influence were done for
degradation of square bipolar signal by meansqﬁ

. ; . the values of jitter rate in the range from 0 %d.@
G.729 ITU-Tcodec is described in [4]. We can n . . :
use this type of test sequence Br729 ITU-T %. Jitter rate is defined as percentual number of

packets, whose jitter value is above maximum

codec. tolerated jitter for given connection. Jitter is a
4. DESCRIPTION OF THE SPEECH measure of variation in latency over time. Jitger i
'SEQUENCES caused by random variation of the momentary

traffic load. This simulator tolerates the jitter
The recommendation P.830 ITU-T [9] below 90 ms. The packets delivered after this time
recommends to use minimum 2 female and 2 m&g further not processed, they are also dropped
voices for evaluation of speech quality iUt The packets loss influence was investigated
telecommunication network. The best choice isf@r the values of packet loss in the range from 0 %
male, 8 female and 8 infant voices. We decidedf 10 %. The packet loss parameter is defined as
use 2 female and 2 male voices for the needs of i Percentual number of the packets that were lost
simulations. The length of the speech sequence§ing transmission. Packets may lost, due to high
set to 90 sec. This period equals to the length obit error rate of transmission channel and high
phone call of average user. The speech sequerE@§c load. VAD and PLC functions were
are composed from speech records. These spedkiyated for all performed simulations.

records come from Slovak database. The source and the destination sequences are
compared after finishing the simulation. The
5. SIMULATION DESCRIPTION comparison will be realized by means BESQ

(Perceptual Evaluation of Speech Quality)
The transmission simulations were carried out afgorithm.
Gaoresearch’s (freeware) online simulator [5]. Ti®&udy of an influence of the competent coders,
simulation model of transmission chain with codgrackets loss and the jitter on sequences
G.723.1 ITU-T is depicted in Figure 4. Thetransmission was the aim of simulations.
simulation model enables to change jitter rate and
packet loss parameters in the range from 0 % to3.4.1PESQ
%. The simulation model renderAD (Voice

Activity Detector) andPLC (Packet Loss Control) The PESQalgorithm is defined in recommendation
functions. P.862 ITU-T [8]. This algorithm was developed for

the evaluation of speech qualityESQbelong to

the group of intrusive algorithms. It means, that w
(Ustr Sl Tt Sl Sppore) need a original speech sequence and too a
destination speech sequence for the evaluation of
the speech quality. These sequences will be
compared by means #fESQalgorithm and then

/| Packet
l%.‘w- . we obtain thePESQMoSvalue. ThePESQMoS
— value represents the speech quality. PEESQMo0S
can have the values in the range from -0.5 to 4.5.
The value -0.5 is the bad speech quality and the
0w value 4.5 is the excellent speech quality.

| This algorithm consists of two parts. In the first

Si?é"el kg;lng:"]'l M Pfgggl El M part of this algorithm is realized the time
correlation and too amplitude correlation. In the
second part of this algorithm is processed the

F|g4 The simulation model of transmission Chai%peech by means of the perception model. The
with coder G.723.1 ITU-T




perception model realizes the comparison of tr

equivalent parts of the original speech sequeni 40
and the destination speech sequence. 3,5
3,0
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Fig.7 Graphical presentation of the simulation
results of jitter influence fo.723.1 (5.3 kbps)
ITU-T codec

Fig. 5 The principal scheme of PESQ algorithm

It is possible to us®ESQin mobile networks as
well as in networks based on packet transmissio
The disadvantages include impossibility to use i
for codec with data rate lower than 4 kbps an :
is caused byMoS2,04%

higher calculation

load what

recursions in the algorithm.

6. PRESENTATION OF RESULTS

6.1 The simulation results of jitter influence on
the sequences transmission
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Fig.6 Graphical presentation of the simulation
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Fig.8 Graphical presentation of the simulation
results of jitter influence fo.723.1 (6.3 kbps)

ITU-T codec
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The graphs represent the dependenceMalS

values change of the percentual number of packets,
whose jitter oversteped the time of 90 ms. Every
packet whose jitter oversteped the time of 90 ms is
dropped. Non-uniform distribution of the number
of dropped packets during transmission causes a
smooth undulation of characteristlo. the case of
zero jitter rateMoSvalue change is cause only by

results of jitter influence fo.729 ITU-Tcodec

coder. The graphs only represent average values
for female speech sequences and for male speech
sequences.



6.2 The simulation results of packets loss
influence on the sequences transmission
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Fig.9 Graphical presentation of the simulation
results of packets loss influence ®r729 ITU-T
codec
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Fig.10 Graphical presentation of the simulation
results of packets loss influence 8r723.1 (5.3
kbps) ITU-Tcodec
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Fig.11 Graphical presentation of the simulation
results of packets loss influence 8r723.1 (6.3
kbps) ITU-Tcodec

The graphs represent the dependenceMalS
values change of packets loss, that means of
percentual number of the packets, which were not
delivered. The smooth undulation of the
characteristic is caused by non-uniform
distribution of the number of lost packets during
given transmission. In the case of zero packet loss
MoS value change is cause only by coder. The
graphs only represent average values for female
speech sequences and for male speech sequences.

7. CONCLUSION

The results show, that the test sequences are more
sensitive to the disturbing influences that origin
from transmission in the environment of IP
networks, because the test sequences are composed
from simple signals. High sensitivity of the test
sequences is suitable for intrusive measurement of
VTQoSand enables more precise measurement of
disturbing influences, which rise in IP networks.
High sensitivity enables to predict qualitative
changes in IP network. In the future, convenience
of this test sequences for intrusive measurement of
VTQoS will be verified practically by real
measurements in convergent network of the
University of Zilina.
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