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Evaluation of VolIP speech gquality using neural network
Angel Garabitovand Aleksandar Tsendv

Abstract — An important and unsolved problem is the This type of test is used for unidirectional transmission, and
automatic quantification of the speech quality. Particularly it will have been carried out on transmission by examination
interesting is the ability of this task to be executed in real time. of the recorded conversations or phrases. The goal of this test
Many parameters affect the voice quality, but only subjective s 5 eyaluate the performance of the individual connections

assessments are decisive. The article makes a proposal to creatend algorithms under different conditions. Some of the known
cost effective and efficient solution for prediction the subjective

speech quality assessment. A neural network is used as ahearing tests are as follows: ACR.(Absqute Category Rat!ng),
"customer”. For training of the neural network, BYE Statisticsis DCR (Degradation Category Rating) and CCR (Comparison
used. It gives the client's view for the voice quality. Result of Category Rating).

some practical experiments is given in article.

Keywords -VolP, quality of speech, neural network B. Selecting an appropriate network topology

The education network in a specific order searches the
training set. This order can be sequential or random. Some
networks, that are trained without a teacher, just once to

The evaluation of the quality of a VolIP telephony isearch the sample. Other networks that are trained with a
usually a difficult task that is performed by the statisticaleacher who browse some of the sample several times in the
processing of the satisfaction of a group of users. In this paggyss of learning. Even if they are successful at first glance, the
is developed the idea for pseudo-subjective quality assessmgatavior of the neural network is not always such that, what is
of VoIP telephony. To evaluate the effects of various Qo$equired by the network. Assessment of quality of training of
related parameters, we can use a neural network that ¢a8 neural network must be performed by examples that have
convert the multidimensional assessment criteria in simpit participated in its design. In addition, the number of test
relationships. For training the neural network are been giveases must be greater to achieve higher quality of the training
various QoS-related parameters such as PSQM +, end-to-gfidhe network. It turns out that the testing of well-trained
delay, packet loss in VoIP system. Results confirmed that thigyral networks is a very difficult task. The assessments of the

method can effectively evaluate the overall QoS level QoS gfjality related parameters is possible with the BYE message.
several related factors.

. INTRODUCTION

C. Speech Quality
[l. THEORETICAL BACKGROUND
QoS measurement and speech quality prediction is an
A. Using artificial subjective quality rating to analyze object of this research, which is a classical problerr_l in VolP
perceived voice quality in VoIP networks. Upon examination of the problem_,_ theoretically the
most sense factors on speech quality are jitter, packets sent,

The determination of Subjective measurement methods id°5t Packets, codec and quality. ., .
difficult task. Subjective measurements of QoS are carried tA" .VOIP maqufaqturers [] Sen_d In” the _speech quality.
by use of a group of people [1, 2, 3, 4]. A test phrase is rec his is shown in F|g.. 1. As described, the input data of the
ded and then volunteers listen to it under various conditiod&4ron network are jitter (shortened to the BYE message with
These tests are performed in special rooms, with backgrouHa' packet sent (shortened to the BYE message with PS),
noise and other environmental factors, which are kept uno%q(:ket loss (shortened to the BYE message PL) and codec
control for test executions. Some examples are: conversatf§Re (shprtened.to the. BY.E message with EN)'
opinion test, hearing test review, an interview and survey tes _The first variable is_jitter. _In packet-swnc_hed netwc_)rk,
There are also some disadvantages to this type of tests, s{{egn a sequence of pa_lckets IS send _from point Ato point B,
as the experience, the humor and the culture of the subj&ﬁph of the pgck_ets will require a shght_ly different time to
These tests are very expensive and are not implementedqﬁCh the destination. The various maturities are not a problem

practice because of the large number of people needed é{na web page is downlpaded, .bUt it is when we want to
running truthful results obtained. transfer a stream of data in real time.

Formally the jitter is defined as the statistical variance of
the RTP data packet inter-arrival time. In the Real Time
'Angel Garabitov is a former master student at the Facul ~ Protocol we measure jitter in timestamp units.
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The jitter estimate is sent to the other party using RTCP The second and the third variables are Packet loss and
(Real Time Control Protocol). Packet sent.

[ angel ie n
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coAms BEXS Ae e T e [TEH QAU WDB % @
Fiter | (sip.CalID == "9508140b5160167€" | ip.Cal D == "SEC 103615087 [< ] Bxpresion..  Clew  Apply  save

no. Time Source Destination Protocol Lenath Info -
s T O S e e e e et R gue ot dInva 1L S I U e T TAU IS U - 4 - Ul UV s SUUT ;) GO C— O |

752014-11-07 1§10.21.818.0.0.0 SIFK47 Status: 180 Ringing |

77 2014-11-07 1§8.0.0.0 10.21.80SIR18 Status: 180 Ringing |

78 2014-11-07 1£10.21.818.0.0.0 SIP55Status: 200 OK |

792014-11-07 188.0.0.0 10.21.81SIF82Request: ACK sip:359999999€@10.21.81.60:5060;transport=tcp |
812014-11-07 168.0.0.0 10.21.80SIP89 Status: 200 OK |

82 2014-11-07 1§10.21.808.0.0.0 SIR41Request: ACK 10.21.60.54:5060+transport=tcp maddr=10.21"
100 2014-11-07 1£10.21.818.0.0.0 STIRO1 Reques@%ﬁqﬁg&ﬂo 21.60.54:5060;transport—tcp; @
101 2014-11-07 1£8.0.0.0 10.21.81SIH62 Status: 200 OR | ‘

102 2014-11-07 1¢8.0.0.0 10.21.80SIKF39 Request: BYE s‘lp 359999991@10.21.80.64:5060; transport=tcp | U
1N22N14-11-N7 1510 21 RNR N N N STENR S+atne: 200 0K -

SIP to address Host Part: 10.21.60.54
SIP to tag: shl_mORXvou3nB
Ccall-ID: SEC11-63cl50a-73d150a-1-77GLQsokBODS5S
~CSeq: 1358798400 BYE
Sequence Number: 1358798400
Method: BYE
supported: 100rel, replaces
User-Agent: Zoiper 3.2.21357 SIP 130327

0;SS=0;EN=8;DE=8; IE=00;TCLW=52

Fig. 1. BYE Message

Important and useful are the following measures: The average proportion of packets discarded due to late
The average proportion of packets lost during tharrival at the receive jitter bufferThis definition is used in
measurement periodThis definition is used in VQmon, VQmon and RTCP XR.
RTCP XR and RFC3550 / RTCP.

Fig. 2. Comparison between 5 and 20 ms Jitter

The average proportion of packets both lost and discardegpe of problem you eliminate errors. Cisco phones include
during periods of low-density loss, and the average length thfese statistics either in manual user interface on the phone
these periodsA "gap" is often defined as a time period duringset, or through their web interface. Avaya RTCP report these
which density loss of less than 5 percent and packet lostsitistics, the suddenly requires a separate RTCP receiver to
isolated or widely dispersed. This definition is used icapture the statistics. As VolP control software is updated,
VQmon and RTCP XR. you may find these statistics available within the VolP

VolIP receiving endpoints generally capture both packet lossntroller.
and packet discard counter, so that you can determine for what
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Fig. 3. Comparison between 2 % anf 40% Packet loss

The fourth variable is Codec. A codec converts the analog
audio file into digital data packets and decodes them back a 45
the receiver. Most codecs use compression of data at the san
time in order to reduce the bandwidth required for trans-
mission. Mostly used codecs are G.711noPLC, G.711PLC anc s
G.729A.
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40

3,0

[ll. PRACTICAL SOLUTION OF THE PROBLEM g; 2

§ 2,0

A. Building the neural network "
1,0

For construction of the neural networks, the application 0

STATISTICA [6] is used. STATISTICA Automated Neural
Networks (SANN) is one of the most modern and efficient
neural networks application on the market. It offers numerous
unique advantages to neural network experts and to new user¢
Experts have a wide range of network types and training |
algorithms. New users are directed through the necessary
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o

Network Search tool. There is the possibility to save the
trained network in C code.

These are the real samples of voice quality in relation to
any parameter of the VolP speech quality (jitter, packet sent,
lost packet and codec). A special equipment generates the

it ] I7

[Fise] SelechDeselect active networks | BB Dielete metworks |

Build mors madels with CHH | Build mors models with AHS |

Predictions [MLPA\REF] | Graphs (MLPAREF) | Details |

- Predictions spreadsheet Summany

Predictions tupe 1 Include Save networks v

simples, which allows the perception of the real voice quality A S0 e Cancel

at various jitter or lost packets. € Standslones and ensemble | | 7 Oupit [ Corfivence B opons  ~
After the construction and training of the neural network, — S aialiaki -

all networks are tested. The best result are obtained by 6-10- e

MLP network with logistic activation function (Fig. 5). Dl
To be sure, that this neural network solves the given task, it
was tested by 150 results with known quality and input data
(Fig. 4). We think that this number of tests should be enough Fig 4. Quality (output) as a function of quality (target)
because of the constant average of the deviation of the voice
quality error. The error can be decreased with further train The trained network can be exported in C source code. This
samples. Increasing the neuron number can also shrink tigle can be inserted into the server later. If needed the
error. network can be retrained with new data and the code
recompiled.
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Fig 5. The used neural network

B. Results

Quality

with enlargement of jitter, the quality drops down. It is
interesting that the lost packets does not affect the voice
quality significantly.

The figure clearly shows that the parameters jitter and lost
packets carry the vast information about call quality. Compa-
ring the results obtained with the neural network, and those
derived from the study of the subjective evaluation confirm
this. Using BYE message receipt of digital expression of these
two parameters is the least expensive way to obtain an object-
tive assessment of quality. Slightest deviation from the sub-
jecttive results are comparable with the confidence interval of
the study.

[VV. CONCLUSION

The proposed solution provides simple implementable QoS
monitoring. As a result, this program is a cheap tool for QoS
and VolP network monitoring and for the VolP network errors

All graphics for the representation of the network will bgs well. This solution allows to predict the subjective user
presented when using the best codes (G.711PLC) and consgihion of the voice quality only with the usage of statistics in
number of sent packages. In Figure 6 is the 3D graphigse BYE-message and the corresponding OK message be-
speech quality depending on jitter and lost packets. On theween the devices and the signaling server. The parameters
axis is the jitter values are shown in milliseconds. The y-axi$nsidered by use of different codecs show, that the highest
shows the variation of the lost packets. The third axis (z-axigkss rate and the average loss burst size are provided by the
shows the speech-quality in MOS LQ. Itis easy to notice howWacketization. In this study, a 0.874902 correlation coefficient

Quality *

0
Packet Lost

Fig 6. ANN of 500 sent Packets

30

between the prediction value and the result with the neural
network as a subjective score is obtained,

V. FUTURE WORK

The use of a neural network, which assesses the voice
guality subjectively, has a great advantage. The neural
network module can easily improve the the quality of service
by the use of the accumulated statistical data. In the updated
module only the weights of the neurons are different from the
original network. For update, only the weights in activating
functions should be changed. After training the network,
whose subjective evaluation is highly precious, corresponds to
the customer evaluation.
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