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Abstract—

Packet lossis an important parameter for dimensioning
network links or traffic classescarrying IP telephony traf-
fic. We presenta model basedon the Mark ov modulated
Poissonproces§YMMPP) which calculatespacket lossprob-
abilities for a setof superpositionedvoiceinput sourcesand
the specifiedlink properties. We do not intr oduce another
new model to the community, rather try and verify one of
the existingmodelsvia extensive simulation and arealworld
implementation. A plethora of excellentreseach on queu-
ing theory is still in the domain of ATM researchersand we
attempt to highlight it’ svalidity to the IP Telephonycommu-
nity.

Packet level simulations show very good correspondence
with the predictions of the model. Our main contribution is
the verification of the MMPP model with measuementsin
a laboratory ervironment. The lossrates predicted by the
modelarein generalcloseto the measuredlossratesand the
lossrates obtained with simulation. The generalconclusion
is that the MMPP-based model is a tool well suited for di-
mensioninglinks carrying packetizedvoicein a systemwith
limited buffer space.

Keywords—Link Dimensioning,Mark ov Process|P Tele-
phony, MMPP/D/1/K

I. INTRODUCTION

Voice applications,suchastelephorn, have beenused
onthebesteffort serviceprovidedby thenternetfor quite
sometime. Currentlymary telephoneoperatorshave ad-
vancedplansto uselP technologyasa beareralsofor the
regulartelephoneservice.This, however, requiresthatthe
IP network canprovide serviceguarantees.

Quality of Service(QoS)issuesarebeingaddressetyy
mary forums,committeesandresearcherkesearclon P
QoShasconcentratedntheissuesf classifying,schedul-
ing andadmissiorof pacletsinto anetwork. Lesshasheen
doneonhow to dimensioranIP network carryingrealtime
traffic.

This paperfocuseson dimensioninglP network links
intendedto carry pacletizedtelephowy or voicecalls. It is
feasiblethat existing carrierswould like to allocatea por
tion of their bandwidthfor this serviceandthroughmech-
anismslike differentiatedservices[11] provide superior
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Fig. 1. Problem:dimensioningalink for voice sourcesover IP.

servicefor this kind of dataandsubsequentlyevy higher
chages.

Our approachs to look at work donein boththe ATM
and traditional telephoy communitiesas well asto use
toolsandsimulatordrom thelP communityto verify these
ideasin anernvironmentrelevantfor thelnternettoday We
have seenvery little work which hastaken this approach.
The researchcommunityis divided into one of the two
camps(but is changingasATM andtelepholy peopleare
moreengagedn Internetresearcmow).

Figurel illustratestheproblemscenariove areaddress-
ing. A numberof paclet voice sourcesare multiplexed
ontoalink. Thelink hasa limited amountof buffering
which sometimeswill resultin thelossof pacletswith the
ohvious consequencesn soundquality With alink of a
givenbandwidthandanumberof voicesourceswhatkind
of quality couldbe expectedf we ran60 sourcesWhatif
we increasedo 80—canwe still expectadequatejuality?
How will we affect the systemby changingthe amountof
buffering in therouter?

We presenta mathematicamodel basedon a Markov
modulated?oissorproces§MMPP) which canpredictthe
pacletlossprobability We first verify themodelusingthe
NS paclet level simulator The main contrikution of this
paperis the verification of the MMPP model with mea-
surementsn a lab network. Theseexperimentsshov a
very goodcorrespondenciketweerthelossratepredicted
by themodelandthelossratemeasuredn thelab.

The rest of the paperis organizedas follows. After
summarizingelevantrelatedwork in the next section,we
presenthe MMPP-basedanathematicamodelandtherea-
soningleadingto this modelin Sectionlll. SectionlV
describeshe parametersve usedin the experiments Sec-



tionsV andVI describethe NS simulationsandthe labo-
ratory experimentsrespectrely. Theexperimentakesults
are presentedinddiscussedn SectionVIl andthe paper
is concludedwith SectionVIlI.

1. RELATED WORK

Link dimensioningfor voice hasbeena researchopic
for severaldecade bothacademiandthetelecommuni-
cationsindustry Startinga little morethantenyearsback,
theresearctiocushasbeenonlink dimensioningor ATM
networks. Most of the resultsin the domainof ATM net-
works are also applicablein the domainof IP networks,
sinceboth are paclet switchingsystems.The majority of
the resultsfrom previous researchs theoreticalor results
from simulations.Our researclalsohasresultsfrom mea-
surement®f arealsystem.

Several approachefiave beensuggestedn the litera-
tureto solve the problemof dimensionindinks in paclet
switchednetworks. Anick, Mitra and Sondhi[2] studya
multiplexer with infinite buffer with a stodasticfluid flow
modelbut it is shavn by Zheng[14] thatthis modelonly
works for a multiplexer underheavry load. Tucker [15]
studiesa multiplexer with finite buffer using the fluid
flow model, but it doesnot fit the modelwell for small
buffers. HeffesandLucantoni[7] usesatwo-stateMarkov
modulatedPoissonprocesy MMPP) quite successfullyto
estimatethe delay in a multiplexer with infinite buffer
size. They suggesthat the sameapproachfor calculat-
ing the parameter®f the MMPP can be usedfor a mul-
tiplexer with finite buffer size,but NagarajanKuroseand
Towsley [10] shav thatthis doesnot work in the caseof
finite buffer size. Insteadthey developadifferentmethod
for finding the parametersof the MMPP. Baiocchi et
al. [4] approximatethe arrival processwith a two-state
MMPP andsuggest methodcalledasymptotionatding
for the calculationof the parameter®f the MMPP. This
approachs usedby Anderssor[1] togethemwith a proce-
dureto calculatehelossprobabilitiesdevelopedoy Baioc-
chi, MelazziandRoveri [3] to studya multiplexer loaded
with a superpositiorof voice sources.

In this sectionwe developamathematicainodelfor di-
mensioninga link carryingvoicetraffic. We startwith the
arrival processof a single IP telephoy sourceand pro-
ceedwith thesuperpositiorof independenidentically dis-
tributed sources. The sourcesare then multiplexed on a
bottlenecklink througha queueof limited size. A more
detaileddescriptionof thismodelcanbefoundin previous
work by oneof the authors[1]. The modelis basedon a
modeldevelopedby Baiocchi,MelazziandRoveri [3].

MATHEMATICAL MODEL
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Fig. 2. Characteristicef asinglesource.

A. Singlesource properties

Most standardsoice encodingshave afixedbit rateand
a fixed pacletizationdelay They are thus producinga
streanof fixedsizepaclets. Thispacletstreams however
only producedduring talk-spurts—thevoice codersends
no pacletsduringsilenceperiods.

The behaior of a singlesourceis easilymodeledby a
simpleon-off model(Figure2). During talk-spurts(ON-
periods) themodelproduces streanof fixedsizepaclets
with fixed interarrival timesT'. Notethatthefirst paclet
is producednepaclettime afterthe startof anon-period.
This is the result of the pacletization—thevoice coder
hasto collectvoice sampledeforeit canproducethefirst
paclet.

Thenumberof pacletsin atalk-spurt,denotedwith the
stochastiwariable Ny, is assumedo be geometricallydis-
tributedon the positive integerswith meann. This means
thatwe cannever have zeropacletsin a talk-spurt. This
variant of the geometricdistribution is sometimescalled
first succesdistribution (seefor instanceGut [6, page
258]), andhasthe probability function:

P(Ny=k)=¢qpf 1, k=1,23,... (1)

wheregq representshe probability that a paclet is the
lastonein atalk-spurt. This meansthatp = "T‘l This
factimpliesthatthe ON-periodshave a expectedvalue of
a = nT, wheren is the expectedvalue of the numberof
pacletsin atalk-spurt.

We assumehatthe OFF-periodsareexponentiallydis-
tributedwith meang, which is well documenteanddis-
cussedoy SriramandWhitt [13]. A voice sourcemay be
viewed asa two statebirth-deathprocesswith birth rate 8
anddeathrate «. The OFF staterepresentshe idle peri-
odsandthe ON staterepresentshetalk-spurtsWhile in a
talk-spurt,pacletsare generatedvith a rate of % paclets
persecond.

B. Approximatingthesinglesource

We have chosento approximatehe abore modelusing
exponentiallydistributed inter-arrival timeswith meanT
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Fig. 3. A singlesourceapproximatedvith exponentiallydis-
tributedinter-arrivals.

insteadof fixedinterarrival times. The purposeof the ap-
proximationis to simplify themodellingof mary sources.

We let 7 € Ezp(7) denotethe stochasticvariable
which describeghe interarrivals during talk-spurts,and
N, be the geometricallydistributed stochasticvariable
with the probability function statedin Equation1 with
meann describingthe numberof pacletsin atalk-spurt.
Moreover 7 and N, areassumedo beindependentlt can
be easilyseenthatthe ON-periods(denoted) areexpo-
nentially distributed and that the meanlength of a talk-
spurtis the sameasin the deterministicinter-arrival case
(nT). Figure3 illustratesthe behaiour of a singlesource
with exponentiallydistributedinter-arrivals.

Asin theprevioussectionthe OFF-periodsaareassumed
to be exponentiallydistributed with meang. Becauseof
the exponentially distributed interarrival times during a
talk-spurt, the emissionof paclets during an ON-period
canberegardedasa Poissorprocessith intensityT'. We
canusethe two statebirth-deathprocessto describethe
paclet generatiorwith onestaterepresentingheidle pe-
riodsandthe otherstaterepresentinghetalk-spurtsvhere
paclets are generatedas a Poissonprocesswith inten-
sity T'.

C. Thesuperpositiorof independentoicesources

The superpositiorof voice sourcescanbe viewed asa
birth-deathprocessvherethe statesrepresenthe number
of sourcegthat are currently in the ON-state. Here state
i representshat: sourcesare active in a talk-spurt. We
referto the birth-deathprocessasthe phaseprocess/(t).
The birth rateis given by the meanof the exponentially
distributedidle periodsandwe denotethemeanas%. The
deathrate is determinedby the meanof durationof the
talk-spurtsandis denotedé. The probability p,, thata
sourceis onis givenby:

. (8%
Pon = at B
D. Markov modulatedPoissonprocess

The Markov modulatedPoissonprocess(MMPP) is a
widely usedtool for analysisof tele-trafic models(see,
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Fig. 4. Superpositiorof N voice sourceswith exponentially
distributedinter-arrivals.
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Fig. 5. k-interval squaredcoeficient of variation curves for
superpositiorof N voicesources.

e.g.,HeffesandLucantoni[7]). It describeghe superpo-
sition of sourcesof the type describedin Sectionlll-B.
Whenthe phaseprocesss in statei, 7 sourcesareon. The
modelgraphof the MMPP is shawvn in Figure4.
Thesuperpositiomf Poissorprocessess alsoaPoisson
processWe canthereforesimply addtheintensitiesof the
sourceghatarecurrentlyin atalk-spurtandreceve anew
Poissorprocesdor the superposition.
Tovalidatetheaccurag of approximatingvith aMMPP
processwe calculatedheindex of dispersiorof intenals
(IDI) usinga formula from Sriramand Whitt [13]. The
IDI, alsocalledthe squaredcoeficient of variation, gives
us somemeasureof how similar the traffic is in termsof
burstiness.A valueof 1 shaws the traffic is asbursty as
Poissortraffic, whereasvalueas18is theburstinesof a
single voice source. The high value accountdor the fact
that the sourceis indeedbursty The time period under
which oneobseresthis behaiour is veryimportant.
Figure5 shawvs ¢, the DI, versusk for k betweenl
and2000andthe numberof sources)N, equalto 1, 10,60
and130. As areferencene have addedthe value of ¢ 5
for aPoissomprocessDatawasobtainedrom simulations
using a Matlab program. The solid line shavs the ¢}
for sourceswith deterministicinter-arrival timesbetween
pacletsduringa talk-spurt,andthe dashedinesshav the
cz v for sourcesith exponentiallydistritutedinter-arrival
times,i.e.,the MMPP approximation.
We seein the figure that the two descriptionsof a sin-
gle sourcebehae in a similar way whenthey are super
positioned.Thefigurealsoshavs thatthe superpositioned



arrival procesdehaesasa Poissorprocessf we look at
it for a shortinstantof time but it is muchburstierif we
studyit over alongerperiodof time.

E. Themultiplexer: MMPP/D/1/Kqueue

Thearrival processlescribedy theMMPP modelis fed
into a simple D/1/K queue. It is deterministic,hasa sin-
gle FIFO seneranda buffer size(waitingroom)whichwe
vary. This kind of modelis describedn detail by Baioc-
chi etal. [3], [4]. We usetheir methodandformulasfor
calculatingthelossprobability

IV. PARAMETER VALUES

We usedthe following parametergo run the MMPP
model,simulationsandlab experiments:
» 32kb/sADPCM voiceencodingvith 16mspacletinter-
arrival time, whichresultsin 64 bytesof voice payloadper
paclet
« A protocol headeroverheadconsistingof 12 bytesfor
RTP, 8 bytesUDP and20 bytesIP. We do notincludeary
link layer headers.The resultingtotal paclet sizeis 104
bytes,andtheresultingbit rateis 52kb/s.
« The numberof successie pacletsin one talk-spurtis
geometricallydistributed on the positive integerswith a
meanof 22, which resultsin a meantalk-spurtlength of
352ms. The idle time betweentwo successie burstsis
exponentiallydistributed with a meanof 650ms. There-
sulting averagefraction of time a sourceis in a talk-spurt
is 0.351.
« The bottleneckis a T1 link with a bandwidth of
1.536Mb/s.
Thesevaluescoincidewith SriramandWhitt [13] aswell
asprevious work doneby Zheng[14] whilst at SICSand
Anderssor1], exceptthatwe in this paperincludeproto-
col headewoverheador the RTP/UDP/IPprotocolstack.
Figure 6 shaws loss curves computedwith the MMPP
modelfor a samplesetof buffer sizes. The next stepsare
to comparetheseloss probabilitiesfrom the model with
resultsfrom NS simulationsandmeasurementsom alab
network.

A. Load

We usebetweenc0 and80 sourcedo loadthelink. To
definealoadthatis independenof the link bandwidththe
loadfactor or ), is usedin theliterature:

N x P,, x Rat
Load()\): X 02 aef)eak

whereN is numberof sources( is thelink capacity P,y

Mathematical MMPP model
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Fig. 6. Lossprobabilitiescomputedvith the MMPP model.

| SourcegN) | Load(}) |

29 34.5%
60 71.4%
80 95.3%
84 98%
TABLE |

NETWORK LOAD FOR A NUMBER OF SOURCES.

sources.

We decidedto run between60 and 80 sourcesas 84
sourcess wherethemeanbandwidthof thesourcesquals
to the bandwidthof thelink. The peakallocationis aslow
as 29 sources(100% utilisation when P,, = 1) so tak-
ing advantageof the probability thata sourceis off yields
muchhigherlink utilisation.

B. Buffer size

We have chosero simulateamultiplexer with anoutput
link capacityof 1.536Mb/s andbuffer sizesrangingfrom
2 to 100 paclets. With this choiceof parametersve in-
troduceamaximumqueueingdelayof 54msin the buffer.
Accordingto ITU recommendatiofs.114[8] adelayof O-
150msacceptabldor telephon, betweenl50and400ms
canalsobe acceptablebut over 400msis not. Thetotal
acceptablalelay mustbe divided into a delay budgetfor
eachnodein the pathbetweenhe senderandrecever. If
the pathhas15 hops,andhalf of the delaybudgetcanbe
allocatedto queueingdelay thenwe get 13.3ms per hop.
This translatego approximately24 buffers per hop. For

is the probabilitythatthe sourceis on andRatg,.x Speaks higher bandwidthlinks, the queueingdelay per buffered

for itself. Table!l shaws loadsfor different numbersof

paclet decreasemverselyproportionalto the bandwidth.



set cbr($i) [new Agent/CBR/ UDP]

set exp($i) [new Traffic/Expoo]
$exp($i) set packet-size 104
$exp($i) set burst-tine 0.352s
Pexp($i) set idle-tine 0.65s
$exp($i) set rate 52K

$cbr($i) attach-traffic $exp($i)

Fig. 7. Tcl codefragmentdefiningasourceNS-2.
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Fig. 8. Topologyfor Laboratory The outgoinginterfaceof the
routeris alsoconnectedo thesink.

V. NS SIMULATION

We usedns-2 [5], a paclet level simulatorto verify
the MMPP model. Figure 1 shavs the topology usedin
the simulationsand Figure 7 the Tcl codethatis usedto
start“agents”. They areconstantatesourcesgdenotedoy
“CBR/UDP”. Traffic/Expoogeneratesraffic basedon an
exponentialon/off distribution with the parameterspeci-
fied in the next four lines. EachCBR source$i $ usesa
differentrandomnumberseedhencethe sourcewill start
independentlyf eachother

The simulationshouldrun long enoughfor the system
to reachsteadystate,ideally the systemshouldbe run for
an infinite amountof time, however this is not practical
dueto time andresourceconstraints.A reasonablérade-
off is to usea simulatedtime of 1000secondsn boththe
simulationandthelab experiments.1000secondsvith an
intenal of 16 ms generate22000paclets per sourceand
1.32million pacletsfor 60 sourcesor 1.76 million for 80
sources.

V1. LAB NETWORK MEASUREMENTS
A. Topolay

Figure 8 shavs the experimental setup. A single
machineactsas a traffic generatorand emulatesseveral
IP Telephow 'calls’ multiplexed together The traffic is
thensenton a sharedl00 Mb/s Ethernetandreceved by
two hosts:(1) a machineconfiguredasarouter;(2) asink
machinefor measuremenpurposes.An outgoinglink of
therouteris connectedo thesink. In thisconfiguratiorthe
traffic is emittedby thegeneratqgrpasseshroughtherouter
andis recevedby the sink. Sincethe sink canobsere the

pacletsbeforeit enterstherouter it candirectly compare
lateny andlossof eachindividual paclet. The outgoing
link of therouteris constrainedo 1.536Mb/s usingDum-
mynet[12] whichis explainedin the next section.All the
machinesn theexperimentwererunningFreeBSD3.4.

B. Dummynet

Dummynetis a link emulatorwhich allows arbitrary
bandwidthsandlatenciesto be specified. It is often used
for emulatinga slower link thanwhatis physically avail-
able.Buffer sizescanbe setfor a givenlink andlossrates
setto emulatethe effect of lossylinks. It is possibleto
createtheillusion for TCP/UDPandIP thatthelink is like
a WAN ratherthana LAN. We are primarily interested
in the lower bandwidthandconfigurablequeuesizes.We
modifiedtheoutputfunctionalityslightly to enablesimpler
calculationof thetotal numberof pacletsrecevedaswell
asthedroprate.Recordingthetotal numberof pacletsre-
ceived givesusanadditionalcheckif thetraffic generator
or ary systemcomponentost/droppecpacletsduringthe
experiment.

Thetotal numberof sentpacletsremainedhe samefor
a given sourcecountandcanbe checled with the output
of thetraffic generatar It is trivial with a scriptto divide
the loss by the total numberof pacletsto obtainthe loss
rate.

C. Padketcaptue

To verify the lossrate we gatheredthe paclets on the
sink machinevia a programthatwe developed usingthe
Berkeley Packet Filter [9] . Figure8 shaws thatthe output
of the generatoris attacheddirectly to the sink machine
aswell asthe outgoinglink of therouter This enablesus
to captureall the pacletsandthe onesnot droppedby the
router A simpledifferencebetweenthe two shouldver
ify thelossratereportecby Dummynet.Our bpf program
captureacletswith a specificdestinationrand port, and
printsthetime of arrival, RTP sr ¢ andseq fields.

D. Traffic geneator

Theideaof thetraffic generatois to createa sequence
of paclets that resemblemary individual IP telephoy
callsmultiplexedtogether Furthermoreit shouldperform
this job asaccuratelyaspossiblewith eachpaclet emep-
ing with agivendeadline.

!Not tcpdump.Wewroteoutour own kernelfilter to extractthe pack-
etswe wantedaswell asa userspaceprogramto outputheadergrom
2 interfacessimultaneously



#define | NVERSE_M ((doubl e) 4.6566128200e-

/* little nunber */

10)
int calc_length(double burstlen) {
doubl e rand, | ogval ue;

rand = | NVERSE_M * random();
| ogval ue = burstlen * -log(rand);

return ((int)(logvalue + 0.5));

Fig. 9. C codeto “randomize”aburstlength

source
0123456789
time
0 0101010101
1 0110110111
2 1111110101
3 1010101001
4 1010101001
5 0110110110

Fig. 10. Traffic generatotracefile.

D.1 Tracefile generatiorandplayback

In orderto be ableto repeatexperimentswe first pre-
calculatethe sendingtimes of the paclets and generate
tracefiles. Thesdfiles arethenfedinto thetraffic generator
which sendgacletsaccordingo thetrace.Thetracefiles
alsoallow usto testour setupto seeif pacletswerebe-
ing generatedttheright times(suchasinterarrival times
andsequence)Thefiles aregeneratean a per sourceba-
sis. Theaveragdengthof aburstis calculatedcasshavn in
Equation2.

Pon

burst length = rand (7> 2)
interval
The C-codefor therandfunctionis shavn in Figure9.
Using the logarithm of the randomvariable generates
burstlengthswhich areexponentiallydistributed.
The samecalculationis appliedfor theidle (with Pug)

period. Theresultis (readingvertically for eachsourcelan

timestep
1

1 23 45 6 7 8 9

| I
! |
I I
! 1 709
| [ i 0 00,
! |
| I
! ! 0 1 2 3 sourceinterval
| I

16ms

Fig. 11. Traffic generatosendingtimes

in thefirst timesteput thensendsa paclet in eachof the
succeedingteps.

If therearen sourceseachtimestepis further subdi-
videdinto n substeps.Eachsubstepdefinesthe sending
intenal for eachsource For example with tensourcesand
atime stepof 16 msstartingat¢, source0 sendsts paclet
within [¢, ¢ 4 1.6]; sourcel sendswithin [t + 1.6,¢ + 3.2],
etc. If asourcedoesnotsendits pacletswithin its interval,
it is saidto missits deadline Pacletsthatmisstheir dead-
line arerecordedby the generatorand printed when the
run hascompletedaswell asthe largestvalueby which a
pacletwasdelayed.

Sofor thetracefile above, thefirst stepsof a paclet se-
qguencds shavn in Figurell. Thesendingof eachpaclet
is depictedas a horizontalintenal, correspondingo the
enteringandleaving of the sendsystemcall, respeciiely.
In the picture,the paclets of sourceb and7 missedtheir
deadlinesTheactualsendingime onthelink canbemea-
suredby an externalmechanismsuchasthe paclet cap-
ture programdescribedreviously:.

D.2 Traffic generatowerification

As a simpletestfor atracefile of 220000paclets we
obtainedvalues36.9% for the on time, 63.1% for the off
time by simply countingthe onesandzerosin onecolumn
of thefile. Themeanmumberof pacletsin aburstequalled
22.5.Usingthetracefilesturnedoutto bemoreusefulthan
wefirst expecteddespitethe performancegainsof replay-
ing pre-calculatediles they alsoallowedusto testthe per
formanceof our traffic generator(settingall the sources

exponentiallydistributedseriesof ON andOFF sequences on), crosscheckparameterasjust statedaswell asgener

with a meanON of 0.351secondsOFF of 0.65seconds
which resultsin a burstlengthof 22 paclets. An example
of atracefile? with tensourcess shawn in Figure10.

The file shavs for eachtime step(in this casel6 ms)
which of the 10 sourcesare on or off. In the example,
sourcedl, 3,5, 7 and9 sendacletsin thefirst time step.
Thetracesof onesourcecanbefollowedby readingacol-
umndownwards. Source2, for example,sendsno paclet

2Actually it is corvertedinto a binary formatfor morecompactrep-
resentation

atingspecialsequencefor analysinggueuebehaiour.

D.3 Traffic generatowerification

We calculatedthe index of dispersionof intervals, or
IDI (seeSectionlll-D), alsofor the lab traffic generatar
In Figurel12

we canseethatthe simulationandlab traffic generator
producesimilar typesof traffic. The larger the obsera-
tion time the moreskewed thetraffic is. Onevoice source
is equalto about18.1alsoa valueis given for a Poisson
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sources.The graphsshav the resultof a tracewhich was
10000simulatedsecondstesultingin 17.3million paclets
for thelab and16.3for the simulation.

Thetraffic generatowasalsotestedo ensurat (andthe
machineon which we run on) was capableof outputting
pacletsascloseto their deadlinesaspossible

VIl. RESULTS

In this sectionwe presentand discussthe resultsfrom
the MMPP model, the NS simulationsand the measure-
mentin thelab network. Recallfrom SectionlV thatin all
threecaseswe usedthe 32kb/s ADPCM voice encoding
with 16 mspacletization. This resultsin 64 bytesof voice
payloadin eachpaclet andatotal paclet sizeof 104 bytes
includingthe RTP, UDP andIP protocolheaders.

Figures13 and 14 shav the paclet loss probability as
afunction of the numberof bufferson (y) log scales.We
canseein thesegraphsthatboththe MMPP modelresults
andthe NS simulationsin generalcomparewell with the
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measurements thelab The exceptionis for very small
buffer sizesandwhenthelossrateis small.

The MMPP modelis mostof thetime closerto the lab
measurementhanthe NS simulationsare,whichis anin-
terestingresult. The ns simulationsconsistentlyshav the
lowestlossratesfor morethan7—8 buffers. We analysed
the outputfrom thetraffic generatorgn NS andin thelab
to try to comeup with anexplanation.We foundthatthere
is a small differencein meantotal rate betweenthe two
thatcanexplain thedifferencein lossrate.

The secondset of graphspresentedn Figures15 to
18 plots the paclet loss probability as a function of the
numberof voice sourcedor four differentbuffer lengths
measuredn paclets. Thesebuffer lengthscorrespondo
a maximumgqueueingdelayof 1.6, 2.7,5.4and21.7ms,
respecirely. We immediatelyseethattherelationshipbe-
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tweenthenumberof sourcesandlossrateis closeto linear
for few buffers, but far from linear for mary buffers. Vi-
sual obsenation suggestsan exponentialrelationship. In
the region above 10 buffers, the lab measurementsften
hasthe highestlossrate. Belowv about10 buffers, the lab
measurementsave thelowestlossrate.

Oneinterestingdetailis thatfor very small buffers, the
loss cure obtainedin the NS simulationis shifted one
buffer to therightin the plots. Eventhoughwe have gone
to greatlengthsin ensuringthat the three ervironments
have identicalpropertiesthereareneverthelessubtledif-
ferenceghatcanexplain discrepancietke this.

One obvious differencein the modelswe usedis that
the bandwidthoffered by Dummynetis not exactly the
sameasin ns. Using netperfwe foundthereto be abouta
3% differencebetweerwhatnetperfanddummynetreport
astheirmeasuredndconfiguredbandwidthgespectrely.
Perhapsmore subtleand not so obvious is the amountof
buffering in the system,in NS we simply statethe buffer
sizein paclets(betweer2 and100). In areal systemthis
is muchharderto calculateasbuffersexistin mary places
in the system for examplein the queuebetweenthe Eth-
ernetdriver andi p_i nput () routineon theinput side.
Ethernetcardscanalsobuffer pacletson the outputside.
Thisis thedefault configuratiorasmostEthernetcardsare
usedon hostsystemswvherethisis notanissue.Neverthe-
less,the buffering in areal systemis probablylarger than
the simulationand maybeaccountfor differencesin the
systemsundercomparison.

VIll. CONCLUSIONS AND FUTURE WORK

We have studiedthepacletlossbehaiour whenanum-
ber of homogeneousoice sourcesaremultiplexed ontoa
bottlenecKink. Thegoalis to find anaccuratenathemat-
ical modelwhich canbe usedto dimensiorthelink.

We have implementeda mathematicamodelbasedon
a Markov modulatedPoissorproces§YMMPP) in Matlah
Themodelwascomparedvith bothsimulationsusingNS
andmeasurement® alab ervironment. The comparison
shawvs thatthemodelin generapredictsthelossratewell.
The exceptionsarefor smalllossratesin somecases.An
interestingesultis thatmostof thetimethemodelpredicts
thelossratebetterthanthe simulationsin ns.

This resultoncemore provesthat the only way to reli-
ably verify amodelis to make measurementsf arealsys-
tem. We foundthattherelationshipbetweenhe load and
lossrateis closeto linearfor few buffers (aroundthree),
but looks exponentialfor mary (10 andabore) buffers.

The generalconclusionis thatthe MMPP-basednodel
is well suitedfor predictinglossratesfor superpositioned
voice sourcedn a systemwith limited buffer space.The



mathematicamodelis animportanttool for corveniently
dimensioningnetwork links. Thelab ervironmentis con-
strainedo physicallimits aswell asfinite resourcesvhere
the modelis clearly not. Runninga lab experimentcon-
sumesresourcesandtime a lab experimenttakes on av-
eragel2 hoursto complete. For eachnumberof sources
andeachbuffer sizethe experimentis re-startedvhich is
one reasonwhy we use Dummynet,we can changethe
buffer sizeswithoutre-bootingthe router The simulation
typically takes2 hourswhereaghe modelconsume®nly
about10 minutesaswell asconsiderablyessphysicalre-
sources.

Thereare a numberof further work itemsthat we are
currentlyaddressing.The maximumdelayis boundedby
the buffer lengthin the systemstudiedin this paper but
whatis the resultingmeandelay? We are experimenting
with higher bandwidthlinks. One challengeis to accu-
rately generateenoughsources.The next stepis to mea-
sureasystemwhichhasmultiple traffic classesn thestyle
of diffserv[11]. How doesdifferentqueueschedulingal-
gorithmsaffect the dimensioningof traffic classes?Can
the MMPP model presentedn this paperbe usedto de-
scribethelossanddelaypropertiesof atraffic class?

The ongoingwork canbe found at a web pagé which
hasinformationaboutcurrentexperimentsaswell asdata
whichwasnotdirectly relevantfor this paper
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