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Abstract. Quality of voice transportation
over padet networksdependon threecriti-
cal parametes: padket loss, absolutepadet
delay and padet delay variation (jitter).
Commorpractical problemis howto estimate
voice quality for a different numberof voice
sourceswith different source characteristics
in target networks.Importantcharacteristics
of a voicesource are: rate (padketsper sec-
ond), padket length (dependingon a type of
compession),type of source (VBR or CBR)
and statistical description. In this paperwe
proposemethodolgy and practical approach
for systematicmeasuementof voice traffic
parametesin respecto varyingvoicesouice
characteristics.Measuementresultsthat are
conductedwvith presentednethodolgy on an
experimentaDiffServnetworkare given,too.
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1. Intr oduction

Recently mechanismghat offer guaranteed
QoS penetratein existing paclket networks.
Network providers, no matter what kind
of technology they use, MPLS, DiffSery
IntSery ATM or other have to measurdraf-
fic performanceandto estimateservicequal-
ity they can offer to customers[2]. Any
customemwho wantsto verify quality of ser
vice agreedwith network provider can con-
duct similar measurementsBut, methodol-
ogy andapproachio measurementfor these
two casesaredifferent. Customeris awareof
serviceshe is subscribedor. He alsoknows
traffic characteristicthatarenecessarfor the

achiezementof the agreedQoS.Hence mea-
surementan be donefor a reducedset of
traffic parametersOntheotherhand,network
serviceprovider hasto measurewider range
of traffic parameterdecauseof a variety of
offeredservices.

It is importantto correctly map traffic pa-
rameterswith a desiredservice. When one
definesservicequality, he actuallyputssome
constraintson paclet rate, jitter, paclet loss,
pacletdelay etc. Network is allowedto apply
theconstrainegharameterso a specifictraffic
type. It is hardto determinevoice quality on
the basisof measuredraffic parameterde-
causeof a subjectve natureof speechyuality
estimation.Commonpracticeallows usto use
empiricalvaluesasshavnin tablel.

Tablel: Voice quality estimation

Quality | Packet | Maximumdelay
loss[%] | variation]ms]
excellent 0 0
good 3 75
average 10 125
bad 25 225

The next stepis to describeserviceshy
meanf correspondingraffic parameterand
then, to design sourcesthat can generate
paclet streamawith characteristicascloseas
possibleo realsourcesAfter that,it is neces-
saryto desigrvoicetraffic sinks. Sinksarenot
lessimportantthen sourcesbecausehey ac-
tually measurdraffice performance Whatis
left to bedoneis to compareoutputresultsof
traffic characteristicsneasurementwith ser
vice requirements Basedon the comparison



it is importantto decidewhich servicescould
be supportedy network.

2. Voice Source Emulation

Emulatedsourcesaandsinksarenecessaryor
measurementsf voice traffic parametersn
a real network. Sourceemulatorsshouldbe
configurablethrough following parameters:
numberof sourcespaclet length, paclet rate
(numberof paclets per second) type of ser
vice (VBR or CBR). If asourceis VBR, then
its statisticalparameterareneededioo.

Paclket lengthis equialentto correspond-
ing voice compressionalgorithms used to
codehypotheticalvoice stream.Packets sent
into a network by emulatorare not actually
empty evenif they do not carry voice infor-
mation. Realvoice transportis basedon real
time protocol, suchas RTP [4], that carries
not only voice, but alsothe informationlike
paclet sequenc@aumber time stamp(time of
paclet creation)andotherinformationimpor-
tantfor realtime delivery. It is necessaryo
embedhatkind of informationin eachpaclet
becaus®f the emulationpurposesSequence
numberandtime stampareespeciallyimpor-
tantbecauseheseparametersreusedon re-
ceiver side as an entry to a paclet loss and
jitter calculation.

While it is easyto describeCBR source
by meansof paclet length and fixed inter-
paclettime, VBR sourceis muchmorecom-
plicated. VBR traffic is generatedduring a
voice communicatiordueto theimplementa-
tion of silencesuppressioalgorithmsin ater-
minal equipmentWhile the sourceis silentit
doesnot generatepaclkets. This is so called
On/Off source,andit canbe describedwith
Markov chainmodel. The full Markov model
of a voice corversationcomprisessix states
[3]. Thismodelis too comple for implemen-
tationandpracticaluse. The two statemodel
canbe derived from the full modelby a se-
riesof simplifications.Thenew modelis good
enoughfor measuremergurposes.

3. Two StatesMark ov Chain Model of a
Voice Source

As it is shavn in figure 1, this modelconsists
of two stablestates.

A talks
B listening

A listening
B talks

Figurel: Markov chainwith two states

This model is a simplification of the full
cornversationrmodel. It cannotdescribestates
suchas:bothsidesaresilentor bothsidesare
talking. After enteringstatel emulationap-
plicationstartsto sendpacletsinto anetwork,
and,aslong asit staysin thatstate,it contin-
uesto sendequally spacedaclets. Because
of a discretenatureof this processnext state
is calculatedaftera pacletis sent.

This processanbedescribedvith atransi-
tion probability matrix,

_|11-q q
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If the processs stationary[6] it canbe writ-
ten:

(1)

pP=p 2)
wherep = [P, P,]. Fromthematrix equation
(2) we canderive stationaryprobabilitiesasit
is shavnin (3)

131 = ! 3 p q .
r+q r—+q

(3)

A problemis how to choosedransitionalprob-
abilities to satisfydesiredmeantime spentin
oneof the stateqT7, T3), while still retaining



fixed stationaryprobabilities.In otherwords,
thereis an infinite numberof » andg com-
binationssatisfyingthe equation(3). It is not
only importantto identify stationaryprobabil-
itiesfor avoiceconversation .t is alsoimpor-
tantto determinehow long processcontinu-
ally remainsin eachof the states. Thatis a
reasonway constraintsare put on the mean
times (talking or listening). Exactvaluesof
the time intervals are gainedfrom statistical
measurementsn realcorversationg5].

If thefirst paclet of thetalking interval has
beengeneratedwe canaskourselhes: "What
isaprobabilitythat: pacletswill begenerated
in asequence?'This couldbewritten as

p(i)=(1—-q) ¢ (4)

Now we can evaluate mean value for this
stochasticprocessas shavn in the equation
(5). Notice herethat the numberof paclets
receved in a sequenceonformsto the geo-
metricdistribution

E[X]= iip(i) = Q§i(1 —q) . (5)

Theequation(5) canbewrittenin otherform:

o &
mi(l—@-

1=0

E[X]=q¢ (6)
It couldbeeasilyseerthatexpression6) rep-
resentggeometricalseries. Hence,the result
of summatioris 1/ [1 — (1 — ¢)]. Finally, the
resultis

0 1
EX|=q l ] =
M= —g li—a-o
q 1
——=—. (7)
1-(1-9 4«
Now whenwe know the expectednumberof
generatedoacletsin a talk interval, we can
alsoevaluatemeantime spentn statel. Since
pacletsin the talk interval are sentequally
spacedy A ms,we canwrite

T, = AB[X] = AL
q

T, = AE[Y] = AL
-

(8)
9)

whereT; andT; aremeantimesspentin state
1 andstate2, respectrely.

If we expresstransitional probabilities ¢
andr throughexpectedtime 7; and T3, we
canwrite,

A A:>
= — r = —
. A A A
P = , b=t =
(F+5)T (F+#)T
. T s T
P=—+ P = 10
1 T1+T2’ 2 T1+T2 ( )

It canbeseenthatbothassumptionaremet
(10): stationaryprobabilitiesarein the given
ratio to eachother (e.g. 40%-60%),and ex-
pectedimesT; and7; areequalto predefined
values.

3.1. Model Generalizationfor N Sources

In the caseof multiple voice sourcest is nec-
essaryto introducea generalmodel derved
from thebasictwo stateMarkov model. Thus,
it is obsenedthatthe steady-statarrival pro-
cesss abinomialprocessThisis clearlydue
to the factthat eachspealer’s behaior is an
independenBernoulli trial, with probability
of supplyinga paclet equalto r/(r + q) [3].
The questionis: "How to expressthe prob-
ability thatin k-th time interval (interval du-
ration is fixedto A ms)n of m sourcesare
active?". For steady-stategr in otherwords,
whenk — oc onecanwrite

( ><+T )”<+q >(")
" n J\r+q) \r+gq '
(11

In practicalapplicationof this generaliza
tion thereis a problemhow to calculatethe
equation

(%) =

meN, ne Nm>n

(12)

in standardC programminglanguageimple-
mentation. Largest number which can be
representedvith standardC library is 170!.



Hence, that number of channelsis insuffi-
cient for extensve voice sourceemulation.
Onthe otherside, network interfacecapacity
andcomputermprocessingower shouldbethe
only practicallimitations. For example,per
sonalcomputerwith Pentiumprocessorand
10 Mbit/s Ethernetnetwork cardcangenerate
up to 500voicechannels.

Solution of the problemis the approxima-
tion of binomialwith normaldistribution (for-
mal proof that this could be doneis givenin

[6]):

= 13

oV2m (13)
The use of normal distribution is preceded
with parametemappingsasshowvn in

a = mbP

0'2 == m]s1p2 (14)

wherea is meanando is standarddeviation.
Expectationof normaldistribution is a prod-
uct of numberof usersand stationaryprob-
ability P,. This productrepresent&xpected
numberof active voice channelsn k-th time
intenval. Let’'s say that silenceto talk ratio
is 60%-40%,and maximumnumberof users
is 1000. Thenthe expectednumberof active
usersin k-th time internval is 600, whatis a
logical result.
We can write distribution function ex-

pressedhrougherrorfunctionasshowvn in

1 T (t—a)?
/ e 22 dt =
o 271' —00

- % l1 —erf (“\/;:ﬂ . (15)

Usingexpression
erfe(z) +erf(z) =1

distribution function could be expressed
throughcomplementargrrorfunction

1 a—2x

Fioy= Lo (£52).

Finally, the inversefunction of (17) is given
by

F(z) =

(16)

(17)

z=a—V20lerfc ! (20)] (18)

where F(z) = v. If we usev asarandom
generatechumberconformingto uniformdis-

tribution, thenvariablex conformsto normal

distribution. Almost all operatingsystems
andprogramminganguagesupportuniform

distribution throughr and function. Hence,
practicalimplementatiorof expression(18)is

trivial.

Theexactmeasuref errorintroducedwith
this approximationdoesnt exist [6]. But
the approximateestimationcanstill be done
by observingfigure 2 that shavs both distri-
butions (binomial and normal) on the same
graph. Eachgraphhastwo parametersm as
a maximumnumberof users,andp asa sta-
tionary probability of silence.

m=20, p=0.6 m=50, p=0.6
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Figure2: Approximationof binomialwith normal
distribution

As it canbe seenapproximatiorworksfine
for the numberof usersgreaterthen50.

4. Implementation

We have implementedvoice sourceemulator
in C programminglanguage. The idea be-
hind a practicalimplementationis to usetwo

independenemulatorsin the sameapplica-
tion. The first emulatorworks on one UDP

portandit emulatesV voicesourcesn accor

dancewith equation(18). The secondemula-
tor works on the other UDP port andit emu-
latesonly onevoice sourcebut with samesta-
tistical parameterasthefirst emulator Chan-
nelgeneratedby theseconcemulatorhasspe-
cial purposeand we will referto it in the



restof thearticleasthemeasurementhannel.
Themeasurementhannekarriesinformation
for realtime delivery andmeasurementik e
sequenc@umbertime stamp,numberof em-
ulatedsourcesetc.

Sink, which is in factthe sameapplication
as source,but with different commandline
switches performsmeasurementsnly onthe
measurementhannel. Measurementgesults
aregeneralizedo therestof generateathan-
nels. This approachis possiblebecauseve
cansaythatthe measurementhannelis ran-
domly selectedrom anaggreyatedvoicetraf-
fic flow. This channelhasthe samestatisti-
cal parametersasthe restof generateadthan-
nels, and accordingly it canrepresengall of
them. Onecould askwhy to botherwith the
restof channelsatall. Theansweris simple:
"Becauseave needto loadnetwork with traffic
similar to real voice transportto achieve au-
thenticmeasurements”.
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Figure3: Lossmeasurementsn DiffServnode.

Further emulatorapplicationhasa feature
to automaticallychangethe maximumnum-
ber of usersand paclet length. For example,
the applicationcanbe configuredto generate
100 paclets for eachcombinationof paclet
length and numberof users,whereboth pa-
rametersare varied within rangesdefinedat
the applicationstartup. Thanksto this ap-
proach,measuremenesultscanbe presented
in threedimensionakpacewhereX is paclet
length, Y is numberof active channelsand
Z is measuredalue(for examplepacletloss

or jitter). This graphicalrepresentatiogives
betterinsight in phenomenand makes eas-
ier to identify the level of servicethatcanbe
offeredto a customer Exampleof suchrepre-
sentatiorfor measurementsn DiffServnode
is showvn onfigure 3.

5. Further Work and Conclusion

Currently the samepaclet lengthsare used
for all emulatecchannelsThefuturedevelop-
mentplanis to implementsupportfor varying
paclet lengths. In practicewe could expect
that customerause different compressioral-
gorithms. As a consequencdyaffic sources
generatepaclets of varying lengths. It has
an influence on queuingdisciplinesin net-
work nodeswhatis directly connectedo ser
vice quality. Hence emulationwould bemore
preciseif we could definemappingbetween
pacletlengthandspecificemulatecchannel.
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