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This paper deals with the voice quality system sssent including calculation of the noise flooridgrvoice transmission by various network
technologies. Voice over Internet Protocol (VolRyelopment presupposes solution of the problenasatto effective voice transmission with
required transmission parameters (Quality of Ses/icQoS). One of the mechanisms that may be wseas$urance of service quality in IP
networks is the QoS model. The QoS model is useslatuate the VolP quality and to design the Vo#works. The voice quality may be
determined using the passive method — E-model €hwigispects the used codec, the packet loss amltheor the jitter. Attention is also paid
to the calculation of the noise floor emphasizihg possibilities of the signal-to-noise ratio estiimg. This paper also presents results of
experimental verification of the designed solutimplementation functionality.

OnucaHo CUCTEMy OLICHKHM KauecTBa roJioca BKIHOYAs ONpPEICICHHE MOpora IiymMa B TEYCHHHM NEpeladd Tojoca PasIMYHBIMU CETEBBIMH
TexHonorusiMu. PasBurre mepenaun rosoca uHtepHer nporokonom (VOIP) mpenmounrtaer peuieHre npodieM OTHOCSIIMXCS K 3((eKTHBHON
mepefiaun rojoca ¢ TpeOOBaHHBIME MapaMerpaMu Tepemadn (kadecTBo cepsuca - QOS). OmHUM W3 MEXaHW3MOB, KOTOPBI MOXKET OBITh
HCTIONIb30BaH Juisl obecredeHns kauectBa ceppuca B IP cersix sBisercs Q0Smonens. QOSMomenu Henonb3yTes Ui OLeHKH KadectBa VOIP u
i npoektupoBanust VOIP cereii. KauecTBo romoca MoxeT ObITh ONPEIENCHO C HCIONB30BAaHHEM IACHBHOrO Meroia — Emomenu, kotopas
OTpaXkaeT HUCIONb30BaH KOJEK, MOTEPI0 MAaKETOB, OMa3JbIBAHHE U €ro KoieOaHue. BHUMaHME ynmensercss ONpeneieHHI0 Mopora Lryma
MOJUCPKUBAIONICE  BO3MOXKHOCTH  OLIGHKH  OTHOIICHMS  CUTHAN-IIyM. [IpuMBeleHBI  pe3ynbTaTbl  AKCIEPUMEHTAIBHON  MPOBEPKH
(YHKIMOHUPOBAHUS HMITIEMEHTALMH NPEII0KEHHOIO PEIICHUS.

1. Introduction

The issues of the voice information quality assesgrare related to the interconnection of variooiges network
technologies. Apart from the voice transmissiothie classical telecommunication network (PSTN) &/ &dchnology)
the voice can be transmitted also by on the baisihe IP protocol and other technologies, such @3N, ATM
(VOATM - Voice-over-Asynchronous Transfer Mode)aRre Relay (VOFR — Voice over Frame Relay) or ireleiss

networks.
The convergence of the classical telecommunicati@mhl|P networks necessitatbst the IP networks are expanded

by the mechanism that secures the quality of seittiat is necessary for the voice transmission Bic
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PSTN IP network
Pic. 1. Example of a converged VolP/PSTN network

In order to make sure that the voice transmissiothe data network is not an issue of one technotmgy, the

convergence of technologies is necessary sucheabrime Relay, ATM and IP in one communication iserthat
would not be limited by the applied technology. &Et¥kough the fragmentation techniques in FrameyR&l&M or IP

are similar, the prioritization techniques, sigmation protocols and algorithms for voice compmssire not mutually
compatible. In spite of specific standardizatiorthivi each protocol cooperation of all this voicemgopunication
standards was impossible. Therefore the mutualiypemting solutions were processed.

© K. Kleinova, J. Baa, F. Jakab, P. Fé¢ak, 2008
ISSN 1727-4907. lIpo6siemu nporpamyBanus. 2008. Ne 2-3. Crneuiansnuii eunyck 735


https://core.ac.uk/display/38468745?utm_source=pdf&utm_medium=banner&utm_campaign=pdf-decoration-v1

Ilpuxnaoue npozpamne 3ade3neuenns

It is important to realize that information on tsamssion parameters cannot be transmitted by @lintdogies of
voice transmission. The information may be transditoetween various technologies as the data nktmavide
independent transport interface. However in casatefconnection of two data networks by analog&dransmission
technologies (e.g. PSTN) such information on trassimn parameters cannot be transferred. 1

2. Voiceinformation quality assessment on the basis of E-model

The resulting VolP system quality is influenced by maaghnical attributes. These attributes includestlection
of the algorithm for voice coding (vocoder), detagstem (latency), connection reliability etc. Theaial role is played
by the used codec, packet loss influence and tlag de jitter impact.

The E-model is a tool for assessment of the consbieffects of variants of various transmission paaters
impacting the speech quality 1. The E-model outpuhe resulting R-factor with the values from 0100 with the
acceptable value being from 50 to 100. The R-faigtkes into account the influence of the noiseunm, quantizing
distortion, coding method, echo, delay etc. It pedfied for the whole transmission chain betwek@ &coustic
interfaces of the telephone network, i.e. not dhly actual telephone canal is taken into accouhtlso its terminal
equipments and ambient (rooms) noise.

The E-model is based on the assumption of the igddinteraction of individual distortion influenceand is
described by the equation for calculation of theapeeterR, that represents the overall transmission quality:

R:RO_IS_Id_Ie—eff+A (1)

wherethe parameteRR, representing the basic value of the param&erderived from the signal/noise ratio
R, =15-15(SLR+ N,) 2)
where N, being the sum of powers of various noise souritesugling the noise floor) andSLR as the measure of

volume in the transmission direction.
The parameted ¢ is the sum of all quality declines that may exishcurrently with the voice transmission. The

parameterl , represents the quality decline caused by a dilaypresses the echo on the distant and closasmall

as the effects of the delay.

The parameterl ., includes the quality decline caused by the equipinfeodec type, coding method) and the
deterioration caused by the packet loss.

P—pl (3)
Ppl + Bpl

where | , being the quality decline caused by the equipm&p) being the factor of robustness of the packet loss

l oo =1 +©O5-1,)

e—

while Ppl is the probability of an accidental packet loss. 2

The factorA (Advantage Factorjs also described as the factor of expectation takds into account the lower
requirements of the participants in the voice sEralong with other advantages as compared withtrtditional
network (such as mobility). There is no relatiopsbetween the factor A and other transmission petars. It can
accrue the values specified in the Tablicia.

Tablicia. Factor A values

Type of the terminal Value of the factor |A
Fixed terminal 0

Mobile terminal inside the building 5

Mobile terminal in the moving vehicle 10

Terminal in localities with difficult access 20

In order to assess the voice quality the R-factay the mapped for the estimated MOS (Mean Opinicore§c
within the scale 1 — 5

For R<0 MOS=1
For 0< R>100 MOS=1+ 0,035R + R(R - 60)(100- R)7 10°®
For R>100 MOS= 45
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2.1. The methods of noise floor calculation

In spite of the effort to eliminate the noise (jaing) from the useful signal we can say that theseds always
present in the acoustic signal. Noise comes froriowa sources and it is always present in the $ignapite of the
tools that can reduce it.

The noise floor is a combination of the backgromoeise and the noise present in the microphone drérsound
card. It is defined as the signal size createchbysum of all noise sources and of undesirableagn the system.

The standard criterion of the noise level in theustic signal is the distance of the signal froma tioise SNR
(Signal-to-Noise Ratio). 6 In order to achieve fast voice quality possible the maximum distancéhefsignal from
the noise needs to be secured. Various noise tgpese the value of SNR. The noise sources are:

e internal (system) sources,
e external sources.

The internal noise sources include for examplenbise of the used electric parts (telephone cimsaise). The
external noise sources include the room noise bdles&ground noise, speech as a noise (undesinaddears), impulse
noise. 4

The noise floor may be calculated on the basid®fdllowing equation

N., =-174+ NF +10logB

for

(4)

where N being the noise floorNF the noise number (dB) specifying the degree céritmiation of the distance of

for
the signal from the noise anB being the bandwidth (Hz). The calculated valuesdrining the noise floor is
expressed in decibels with minus sign. Currentéyrdicommended value for the noise floor on theiveagside is -64
dBmp.

2.2 Estimate of speech signal SNR

When measuring the level of noise in the actualaigvith nose background the performance of thedpand of
the noise from one signal should be estimated.hidjeer value of the SNR estimate indicates thatstgeal contents
are less damaged by the noise. On the other harldwhvalue of the SNR estimate indicates thastreounding noise
is dominant in the signal. 3

SNR can be calculated so that only the noise padace in the background can be estimated
G2 o?-6°
SNR=10log— =10log———", (5)

~2 A2

n n
and the calculation of the local SNR is then basethe noise performance estimate in the actuatlggssed segment.

The estimate of the segmental SNR (SSNR) is basdteoestimate of the local SNR (SNRi) and is dafiby the
equation

1 L=1
SSNR:EZ SNRIVAD, , (6)

i=0
where VAD being the carrier of the information concerning #peech activity in the i-th segment (1 — speéch,

break), L being the total number of analyzed segments irsitpeal andK being the number of segments with the
speech activity. The estimate precision is deteethiny two basic factors:

e Local SNR estimate precision,

e Speech activity detection precision that needstoriplemented from the noisy speech signal.

The algorithm principle for the estimation of thlgal SNR is the estimate of the noise performanom the
breaks in the relevant speech and, vice-versaspkech performance estimate only from the speegtalssections.
The algorithm of the SNR estimate can then be suimedhin the following equations:

52
—_ S .
SNR=10log— ; )
n

G2 llz_l:xz[n]E]]L—vad[n] ; ®)
n n=0
5? =%Z ?[n] vad)n] - 67 ; ©

s n=0
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3. Thevoice quality assessment system
The voice quality assessment system may be cledsifithree functional blocks:

* The active measurement process (collection ofripatiinformation — voice sample, transmission patens),
* The voice analysis (determination of SNR, SLR, RLR)
* The voice quality assessment and the exchangese$ssents.

The role of the active measurement process isetatiiy the volume and time features of the transpwdium that
serve as the input parameters in the calculatidheR-factor on the basis of the E-model. Thepatifeatures include
the volume features such as the use of the bandwftt amount of transmitted packets, the losseafitee packets and
the time features such as the delay fluctuatioe;way and two-way delay. (Pic. 2).
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Pic. 2. Measurement of the time and volume featoféise transport network

The basic measurements of the volume and time rismtof the voice transport medium are taken by the
measurement tool BasicMeter with the following caments of the architecture:

» BEEM

 BM analyzer

» JXCollector

* SQL database

BEEM serves as the passive interceptor of the m&twommunication using various sampling mechanismd
adaptive sampling using fuzzy regulator to expbet information to BM analyzer using the AEP prolo@nalyzer
Exporter Protocol). The role of BM analyzer is 8s@ss the samples received by the lowest layéreahtasuring tool
(BEEM) and to determine the transmission and voléeatures of the transmitted packets. JXColleotoves to gather
the information from several measuring points (e tactual implementation the measuring points arh Isides
transmitting the voice). The ACP protocol (AnalyZeollector Protocol) is implemented between the Bihlyzer
and JXCollector to exchange information. The SQtabase is used in order to archive the measuresgydor later
processing.
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IP traffic

BasicMeter |« 25 BM Analyzer

Pic. 3. Measuring tool BasicMeter architecture

The BasicMeter tool includes the mechanisms oftkasuring point time synchronization 5, adaptivedang and
the mechanisms using fuzzy regulator.

The active measurement process includes recordidgaalysis of the voice sample for the needsehthise floor
identification, signal/noise spacing, sample voluonethe transmitting and receiving side that eagewariables in the
E-model for calculation of the R-factor and its secutive mapping for the MOS value (Mean Opinioar8g The Pic.
4 shows the combination of the Basic Meter meagui@ols for measurement of the time and volumeufest of the
transport medium with implementation of the sysfemexporting and analysis of the voice samplehef transmitted
speech.

Voice pattern export IP Network Voice pattern export

IP Phone
/
Softphone

IP Phone
/
Softphone
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I BEEM I BM Analyser

ACP

JXCollector

NetFlow

Pic. 4. Implementation of the voice sample expatih the BasicMeter measuring tool

4. Experimental verification of the designed solution

The measurements in the model infrastructure waepdeimented for the purposes of the experimentafication of
the proposed solution.

The active measurement process includes the measoteof the volume and time features of the trassion
environment with the option to analyze the tranteditvoice at present and the noise level in thestratted voice on
the transmitting and receiving side. Using the Bldgiter measurement tool it is possible to acquieetime features
between two measurement points such as one-wayvemdvay delay or delay fluctuation. Based on tlgsltit is
possible to gain also the volume feature of thekphtoss rate that is necessary for calculatiorthef R-factor in
accordance with the E-model.
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Using codec G.711 one-way delay in the range frOm@ms to 282.14ms was measured in a certain sjaechal
(Pic. 5).
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Pic. 5. One-way delay development

As in the development of the one-way delay theltieguR-factor should remain within the values fr&#.8142 to
75.986. The chart of the R-factor development m rilevant speech time interval created by theesysif the voice
quality assessment is depicted in the Pic. 6. Tdieevquality assessment system included also tloelation of the
noise floor; the resulting voice quality acquiredthe assessment system was worse than in cagdanfitdnoise floor
(-64dB), but still adequate and corresponding éorétievant situation.
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Pic. 6. R-factor development

As a result the R-factor development is depictethen MOS assessment. The Pic. 7 shows the MOSsassat
development provided by the assessment systerhdaetevant time interval with the default noiseofl (-64dB).
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Pic. 7. MOS assessment development
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Conclusion

The experiments have shown that the assessmemwinsystcorrectly designed and its results refleet dctual
condition. Concurrently with the voice quality assment system the speech was also subjectivelgseskel he speech
quality assessment by 10 participants resulted @S¥4. Future activities in this field will be foéng on the selection
of a suitable algorithm for the calculation of #ignal-to-noise ratiand the consequent noise floor determination.
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