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Abstract

The RTP/UDP/IPprotocolsuiteis in the processof being standardizedor mul-
tiplexing realtimeflows. It aims at reducingheaderoverhead,therefore,it is apt
for transportingcompressedoice in accesdinks or in the core of mobile commu-
nicationnetworks. To provide realtimequality of service,networks requiretraffic
parametersvhich canbe metusinga spacer

In this paper an exactanalysisfor the RTP/UDP/IPmultiplexing schemeanclud-
ing spacings derived. Influenceson the performancef the systemareinvestigated
andanoptimumvaluefor the multiplexing timeris found. A numericalcomparison
to thedatatunnelingmethodis alsopresentedAdditionally, aleaky bucket descrip-
tion of the multiplexed IP paclet outputstreamis givenasanalternatve to spacing.
Theaffinity to AAL-2 multiplexing in ATM is pointedout andthe fundamentadtlif-
ferenceswith respecto performanceareexplained.

Keywords: IP, RTR, Multiplexing, UMTS, AAL-2, CAC, QoS, VolIP, Discrete-Tme
Analysis

1 Intr oduction

Thesucces®f the InternetProtocol(IP) hasstartedthe discussiorin the standardization
communityof the 3rd generatiorof mobile communicatiorsystemg3GPP)to introduce
IP asthetransportechnologyin thewireline partof futuremobilecellularcommunication
systemg1]. Characteristiceof compressedealtimevoice datatraffic arethe small-sized
pacletsandthe strict quality of service(QoS)requirementsi.e., upperboundson paclet
lossanddelay Both areproblematiowith IP technology

A UserDatagramProtocol(UDP) headeris mandatoryto carry informationover IP
networks andfor voice dataan additionalRealtimeTransmissiorProtocol(RTP) header
is commonlyused.Tunneling,i.e., carryinga singlevoice samplein onelP pacletyields
a low bandwidthexploitation dueto headeroverhead. This canbe overcomeby multi-
plexing several voice samplednto the payloadof a single RTP/UDP/IPpaclet. A timer
Is usedto limit the multiplexing delay Therefore the RTP multiplexing schemd?2] was
recentlydiscussedn the InternetEngineeringraskForce(IETF).

So far, the Internetis without realtime capabilities,however, IP is currently being
enhancedvith realtimeenablingtechniques.To obtainhardrealtimeguaranteesa flow



hasto declareandto complywith sometraffic descriptors.Packetsthatarenot conform
aredroppedby the network unlessthey aredelayedoy a spacer

In atransmissiorsystemwith RTP multiplexing andsubsequengpacingor policing,
theparameterk e multiplexing timervalue,spacebuffer sizeor leaky bucketparameters
have to be setproperlyin orderto maximizethe numberof supportablecalls for which
theQoScharacteristicaremet. A problemof similar natureoccursin ATM networksand
is solvedby usingthe ATM AdaptationLayer2 (AAL-2) for multiplexing. This hasbeen
thoroughlyinvestigatedn [3, 4, 5, 6, 7].

In this paperRTP multiplexing is investigated.Casestudiesare madeto setsystem
parametersn orderto maximizethe performance.ln Section2 we develop a modelfor
the transmissiorof wirelessvoice traffic over IP networks and explain the fundamental
differencedo AAL-2. In Section3, the analysisis derived andthe numericalresultsare
presentedn Sectiond. Finally, Section5 concludeshe paper

2 Model for Tunneling and Multiplexing Wir elessData

Traffic originating from a cellular mobile communicationsystemis either tunneledor
multiplexedinto IP paclketsandundegoesa spacetbeforetransportatiorthrougha real-
time IP network. In the following, we concentraten voice datato develop a modelfor
transmissiorover IP technology

2.1 SourceModel

In today’s cellularmobilecommunicatiorsystemgseeFigurel), voicedataoriginatingat
amobile handsets transmittedover theradiointerfaceto a basestation.It is transported
overawired accessink to the corenetwork andtakesthenthereverseorderto reachthe
destinatiorhandsetWe aim at modelingthetraffic occurringattheaccesgink.
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Figurel: Mobile network structure



In the UniversalMobile TelecommunicationSystem(UMTS) a handsetiransmits
voice samplegeriodicallyevery 20 msec.Thus,thearrival processs fully characterized
by asingle F' = 20 msectime frame. The probability thata sendeiis associateavith an
arbitraryinstantwithin thatinterval is evenly distributed. This entailsan exponentialdis-
tribution of theinterarrival time A of consecutie voice samplesf theperiodictime struc-
tureis nottakeninto account.However, accordingto [8], the maximumallowed delayis
1 msecwhichis only % of the frameperiod,sothatthe periodicalstructureof the arrival
processs notsupposedio have greatinfluenceonthe performanceespeciallyin thepres-
enceof mary users.Thediscretenatureof digital communicatiorsystemsproposeghe
geometricdistribution — the discretetime counterparof the negative-exponentialdistri-
bution—to modeltheinterarrival timesof consecutiely arriving voice samples.

Tablel: Packet lengthdistribution of 8k vocoder
Paclet Length[bytes] | 12 15 20 32
Probability 0.598| 0.072| 0.039| 0.291

In the consideredvirelessnetwork a variablebitratevocoderis used. During an off-
phaseof a corversatiortheinformationcanbebettercompressethanduringanon-phase
resultingin voicesample®f differentsize. Thereforeasampldraceof asinglevocodelis
clearlypositively correlated But simulationshave shavn thatfor superpositiorof several
usersthe sizesof consecutiely arriving voice samplesanbe assumedo be sufficiently
uncorrelatedTablel shonvsatypical distribution of the samplesizegainedfrom anlS-96
vocoderoutput[3, 9]. Sowe modelthe voice samplesize B by an independentlyand
identicallydistributed(iid) randomvariableaccordingto the givenhistogram.

2.2 Tunneling and Multiplexing

Carryingvery shortdatapacletsby tunnelingthroughan ATM or IP network yieldsalow
bandwidthexploitationdueto protocoloverhead However, the causdor the overheads
differentin bothsystems.

ATM'’s cell payloadsize easilydoublesthe sizeof a compressedoice samplewhich
is about20 bytes. Hence,thereis unusedspacein the cell dueto the fixed cell length
whichrepresent$®-20 . 100% = 165% overhead.

The IP paclet sizeis variableand wastedpayloaddoesnot exist. However, the IP
headersize is 20 bytesfor the old IP version4 [10] and even 40 bytesfor the new
IP version6[11]. The UDP headerhas8 bytes[12] andthe RTP headercomprisesl?2
bytes[13]. Hence the headeloverheador voice datatransmissiorover RTP amountgo
2048412 . 100% = 200%.

Multiplexing canbeusedin bothcasedo reducetheoverheadln ATM networks,the
voice samplesareequippedwith a 3 bytesheaderandthentransmittedasa streamin the
CPS-PDUpayload(47 bytes)over the network [14]. A timer controlsthe multiplexing
delay i.e., if avoicesamplewaits morethana specifiedime for cell completion thecell
is sentregardlessof whetherit is filled or not. Thus,AAL-2 preventswastedpayload.
OnceanATM cellis completelyfilled, the overheaccannot befurtherreduced.



In IP networks, the voice samplesare suppliedwith a 2 bytesmini header[2] and
multiplexedinto an RTP/UDP/IPpaclet. The delaymustbe controlledhereby a timer,
too. This multiplexing schemereducesthe fraction of the headersize with respectto
carriedpayload.Theoverheadninimizationis only limited by themaximumtransferunit
of theunderlyingtransporimechanism.

If theofferedloadin ATM networksis sufficiently high suchthatmostof thecellsare
completedbeforethe timer stopsmultiplexing, the timer hasnearlyno impact[3, 7]. In
contrastthelP paclet payloadsizeis variableand,therefore multiplexing is only limited
by thetimer. Thisis the essentiatifferenceto AAL-2 multiplexing.

2.3 IP Realtime Transport Parameters

After anIP paclet or an ATM cell is filled by multiplexing, it is sentthrougha realtime
network. Realtimetransportatiormrequiresthe network to dedicateenoughbandwidthto
thedesiredvirtual leasedine. In return,the accessnustbe controlledto shelterthe QoS
from an—intentionallyor not—misbehaedsource.To achieve thataim, traffic parameters
thatdescribehe flow arenecessaryo make appropriateaesourcaesenations.ln ATM’s
ConstantBit Rateclass[15] a peakcell rate mustnot be exceeded.For IntegratedSer
vices’[16] Guarantee®uality of Serviceclass[17] thedatastreammustbeleaky bucket
conform. WhetherDifferentiatedServiceq18] will supporthardrealtimeconstraintss
notclearyet.

If a pacletis found not to be conformto the traffic contractat the policer of the
network, it will be discardedeitherimmediatelyat the ingressor will be marked and
droppedaterwithin thenetwork if congestioroccurs.Therefore packetsmustbespaced,
i.e., deferreduntil the traffic contractis met. Spacingintroducesadditionaldelaywhich
might have a considerablempacton the overall performanceof the system. Another
possibility is to describethe IP streamby the leaky bucket parametersransmissiorrate
C andbucketsizeS,, ... Usingtheseparametersor policing, thereis hardlywaitingtime
for IP pacletshbut still alossprobabilitydueto policing by the network.
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Figure2: Multiplexing andtunnelingof voice samplesvith spacing



The spacerthat we considerworks asfollows. It hasa byte counterS that shavs
the virtual occupanyg of its queue. It is decreasedinearly by the link rate C over time
but doesnot fall shortof zero. Whenan IP paclet of size B arrives,it is acceptedf the
counterS plusthenew paclet’s sizedo not exceedthe queudimit S,,,,,. In this casethe
counteris increasedy B bytesandthe paclet will be sentafter% time. Otherwise the
IP pacletis discarded.

Figure2 summarizeshe modelfor multiplexing or tunnelingvoice sampleswith ad-
ditional spacing.Voice samplesarrive with geometricallydistributedinterarrival times A.
Their size B follows a given histogram. Thenthey aretunneledvia the (RTP/)UDP/IP
protocol or multiplexed using the RTP/UDP/IP protocol. The resultinglIP paclets are
treatedaccordingto the specificatiorof the above describedspacer

3 Analysisof RTP Multiplexing

In this section,an analysisfor the RTP multiplexing modelis derived. First, a discrete-
time Markov modelof thesystemis setupto dervethestationarystatedistribution. Based
on this the lossprobability, the waiting time distribution, aswell asthe averageprotocol
overheador the voice samplesarecomputed.Adjusting the input parametersthe same
analysiscanbeappliedto (RTP/)UDP/IPtunneling.

For the sale of simplicity somenotationalcorventionsare introducedregardingan
arbitraryrandomvariable X :

Xoin,  Xonaz minimumandmaximumvalueof X,

X(Y =1i) randomvariableX conditionedonY = i,

x, x[i] distribution of X andprobabilityPr(X = i),

z(Y =1) distribution conditionedon Y = 4,

X =37 gi]-i  meanof X,

Zfimx“in p(X =1)-z[i] conditonalprobabilityp(X = i) is unconditonedy X.

3.1 Stationary Distrib ution

To find the stationarystatedistribution of the modela numericalframework for solving
discreteand finite Markov models[6] is appliedwhich is basicallya generalizedor-
malizationof the methodusedin [19]. Then,theinput distributionsfor the analysisare
specified.

3.1.1 Applying the Framework

The framework is extendedby the useof conditionaldistributionsandthe generatiorof
a start vector by a short Markov chain simulation. Only a descriptionof the Markov
modelis neededrom which the numericalprogramcanbe syntacticallydeduced.The
descriptioncomprisegenaval points, statevariables factorsinfluencingthe systemand
a statetransitionfunctiondescribingthe behaior of the system.

The modelis asfollows. At the arrival instantof the first voice samplemultiplexing
into anIP pacletis startedandthespacercounteris denotedby S°. Themultiplexing time
is limited by thetimer valueTCU. After multiplexing, the IP paclet containsN voice
samplesesultingin anlP pacletof size L(V) thatdepend®n thenumberof multiplexed
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voice samplesThespaceioccupany is reducedoy TCU - C'yielding S’. If theupdated
spacenccupang plusthesizeof thenew IP pacletdoesnot exceedthespacesizeS;,.z,
the IP pacletis acceptedor transmissiorby the spacelincreasingts counterby L(N).
Then,the spacercounteris denotedby S*. Thetime until the next voice samplearrives
is calledintermultiplex time anddenotedby (V). It is dependenbn how mary samples
aremultiplexedinto the P paclet. Within thattime thecounteris diminishedby I(N) - C.
Whenthe next voice samplearrives,the procedurestartsagain.

Themodelmustbeformalizedto be appliedto the framework. To reducethe compu-
tationalcompleity, we identify two renaval points. Thefirst is at multiplexing start,the
secondonejust afterdiscardingor acceptinghe multiplexed IP paclet for transmission.
Thefactorsthatinfluencethe statetransitionfrom thefirst reneval pointto the secondare
thenumberN of voice samplesn the multiplexed IP paclet andtheresultinglP paclet
sizeL(N). Thenext transitionis dependingntheintermultiplex time I (V). Thestateof
thefirst renaval pointis givenby the spacercounterS? while the descriptionof the sec-
ondrenaval pointcomprisedoththecounterS! aswell asthenumberN! of multiplexed
voicesamplesn thelastIP paclet.

Thetransitionfunction f describeghe stateevolution betweernrenaval pointsof the
first type. It canbe decomposednto f = f! o f°, whereo denoteshe composition
operator Startingwith aninitial vectors), the successodistributions sy are computed
using f ands? ; andthe distributionsof the factorsN, L(N), andI(N). Thelimit of
their averageeventuallyyieldsthe stationarydistribution s°.

Functionf? (seeAlgorithm 1) characterizethe systemduringthe multiplexing time.
At theendof the multiplexing interval of durationT’C'U, thespacenccupanyg is reduced
by TCU - C. Within thattime, N voice sampleshave arrived and are multiplexed into
an IP paclet of size L(N). If the counterplus the paclet size exceedthe spacers size
Smaz, thelP pacletis acceptedor transmissionncreasinghe occupanyg, otherwisethe
IP pacletis discarded.

Input:  state(S°), multiplexedvoice samplesV, andIP pacletsize L(N)
S":=max(S° — TCU - C,0)
if (S"+ L(N) < Spaz) then  {IP pacletsentg
St:= 8"+ L(N)
else {IP pacletlost}

N':=N
Output: state(S!, N*')

Algorithm 1: Function f¢ - Multiplexing

Function f! (seeAlgorithm 2) correspondgo the statetransitionfrom the second
renaval point to thefirst. It describeghe systemduring the intermultiplex time I(N).
Thespaceioccupany is reducedinearly by thelink rateC.



Input:  state(S*, N') andintermultiplex time I(N*')
SY := max(S' — I(N') - C,0)
Output:  state(S?)

Algorithm 2: Function f! - Intermultiplex Time

3.1.2 Specificationof Input Distrib utions

Thedistributionsof N, L(N), andI(N) mustbecomputedo determinetheinputfor the
analysis.They arederivedfrom a givenvoice sampleinterarrival time distribution ¢ and
agivenvoice samplesizedistribution b.

DuringTCU time N = i pacletsarrive. This happensf thesumof ; — 1 interarrval
timeszz;l1 Aj; is shorterthanTCU andthesumof i interarrival times} ., A; exceeds
it. Hence thedistributionof N is definedby the condition

(S <700 <Y a)A(N=4), ®
j=1 j=1

The sizeof anIP paclet carrying N voice paclets consistsof the size of the contained
voice samplesandprotocolheadersThe protocoloverheaccomprisegheP (version4),

UDP, andRTP headerof 40 bytesplus 2 bytesmini headerfor eachmultiplexed voice

sample.Consequentlythe IP paclet sizeis givenby the conditionalrandomvariable

L(N:z'):iBj+2-z'+40. 2)

i=1

The intermultiplex time I(NV) is the durationfrom a multiplexing timeoutinstantuntil
the next voice samplearrives. Giventhatthereare N samplesn the last multiplexed IP
paclet, the intermultiplex time is the remainderof the n-th interarrval time after multi-
plexing. Thereforethedistributionof I(N = 7) is determineddy the condition

i—1 i i
(>4 <TCU <3 A4 A (1IN =4) =Y 4, - TCU) 3)
j=1 j=1 j=1
In caseof ageometricalnterarrival time I(N) = A holds.

3.2 Performance Measures

Thelossprobability p?s. , thewaiting time distribution w, andthe overhead for a voice

loss?

sampleareobtainedby usingthe stationarydistribution s°.

3.2.1 VoiceSampleLossProbability

We considerthe multiplexing start. The next IP paclet is readyfor spacingafter TCU
time. In the meantimethe spacercounteris diminishedto S’ = max(S° — TCU - C,0)
bytes. If the newly arrived IP paclet with L(N) bytesplus the updatedcountervalue
S’ exceedthe spacers capacity S,...., the IP paclet is discarded. The loss probability
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pil (N = i,5° = j) of anIP paclet dependson the number N of containedvoice
samplesandonthe spaceicounterS? at multiplexing start

Pl (N=4i8"=j) = > UN =)kl (4)

(L(N=i)=k)+max((S9=3)—TCU-C,0)>Smaz

Thelossprobabilityp?s. . = N, /N of avoicesampleis theaveragenumberN,,,; of lost

loss

voicesamplesn anlP pacletdividedby theaveragenumberN of voicesamplesn anlP
paclet.

Niost (N =1,5° = j) = Plogs(N =14,8° =) - (5)
N(N=i) =i (6)

Unconditioningthemby N andS° yields N,,,; and N .

3.2.2 VoiceSampleOverhead

Theoverheadb = U/V is definedby the quotientof the meansentprotocolheadersize
U of atransmittedP pacletandthemeanof thesentpayloadsizeV. Both aredepending
on N =i andS® = j. Theprotocolheadesizeof anIP pacletis then: - 2 + 40 andthe
voice samplepayloadsize (L(N = i) = k) — i - 2 — 40 is the|P paclet sizewithout the
protocolheader

(N=4,8"=j) = (1= pFy(N=4,5° = j))- (2-i+40) (7)

(N=14,8=j) = Y UN =K (LN =) = k) - 2-i— 40) (8)
(L(N=i)=k)+max((S0=§)~TCU-C,0)<Smazx

U
Vv

Again, unconditioningoy N and.S° yieldsU andV'.

3.2.3 VoiceSampleWaiting Time

The voice samplewaitingtime W = M + @ consistsof the multiplexing delay M and
thequeuingtime @ in thespacerlt canonly be computedor pacletsthatarenotlost.

The multiplexing delay M thata voice sampleencounterss thetime from its arrival
instantuntil the endof multiplexing. It is dependenbn the numberof multiplexedvoice
samplesn thelP paclet: if thereis only onevoicesampleijt is clearthatthe multiplexing
timeisTCU, if therearemorethanone,it is morelik ely thatit is shorter Thedistribution
for M(N) is determinedy

i—1

(ZAjSTCU<iAj)/\(ng<z’)/\(M(N:i) - TCU—ZAj>. 9)

=1

At the beginning of multiplexing, the spacercounteris S° andit is reducedo S’ =
max(S°—TCU-C, 0) aftermultiplexing. At thistimethelP pacletgetspossiblyaccepted
for transmissiorandencounters conditionalwaiting time of

Q(SY) = max(S°—-TCU-C,0)/C (10)
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The probability of waiting time W = h is thequotientw[h] = Ny (W = h)/Nyen; Of
theaveragenumberNy, (W = h) of voice samplesn anIP pacletthathave waiting time
W = h andtheaveragenumberN,.,,; of sentvoicesamplesn anIP paclet.

The averagenumberNy, (W = h, N = i,S° = j) of voice sampleghatwait W =
h time in an IP paclet with N = i voice samplesand with a counterof S = j at
multiplexing startis

Ny(W=hN=i,8"=3) = 1-pL,(N=4i58"=j))-i- (11)
h

> m(N =)k -q(S° = j)[h — k].

k=0

Unconditioningof V andS° yields Ny (W = h). For the numericalprogram,adwantage
canbetakenof thefactthatthedistribution of Q(S°) takesonly thevalues) and1.

The averagenumberN,,,, = N — N,,,; iS the averagenumberof multiplexed voice
samplesvithoutthe lost voice samples.

3.3 Analysisof (RTP/)UDP/IP Tunneling
Theanalysisof (RTP/)UDP/IPtunnelingis aspecialcaseof RTP/UDP/IPmultiplexing.
e Only onevoicesamples transportedy anlP paclet: N = 1 (constant).

e Theheadewoverheadf anlP paclettunnelingavoice sampleonly depend®nthe
8+ 20 for UDP/IPtunneling

protocolsuite: H(N) = _
12+ 8+ 20 for RTP/UDP/IPtunneling.

e Theintermultiplex time equalstheinterarrival time: I(N) = A.

e A multiplexing time is notexistent: M (N) = 0 (constant).

4 Results

In the previously derived analysisthe spacercounterS andthe paclet size B are mea-
suredin byteswhile time is measuredn discretizedtime units (TU). The interpretation
of numericalresultsdepend®n thistime scale.lf we assumehatoneTU is é msecthe
delaybudgetD of 128 TU corresponds$o 4 msecasit is assumedn [3]. Assumingthe
TU to be ﬁ msec thedelaybudgetis 1 msecasit is proposedn [8]. This consideration
shownsthattheanalysigs notrestrictedo this specificparameteset. In thefollowing, we
usethelatterof thetwo proposednterpretations.

The QoSrequirementdgor a voice connectionare a loss probability of at most10~°
anda quantileof thewaiting time distribution for the delaybudgetl mseclessthan10*,
i.e.,Pr(W > 1 mseg < 10~*. Thisis aconstrainfor all datacomputedn thefollowing
sections Usingsimulation,probabilitiesin therangeof 10~% arevery time consumingo
computewhichillustratesthe advantage®f ananalyticalapproactover simulation. The
analysisoutputwastestedagainstsimulationoutputanddoesnot differ.

We definethenettraffic bandwidthC* = n - % wheren is thenumberof users,B the
meanvoicesamplesizeand F' theframelengthin UMTS. Theofferedloadp = % is the
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fractionof the nettraffic bandwidthC* divided by thelink bandwidthC'. Sincethe QoS
requirementsnustbe met,the offeredload plusadditionaloverheadnustbe smallerthan
1. Thenumberof supportablecalls canbe computedoy

p-C-F
n=———.
B

First, the optimumtimer valueandthe meanwaiting time for an8 Mbpslink arecon-
sideredthe requiredspacersizeis evaluatedandan equialentleaky bucket description
is given. Thenexperimentssaryingon bandwidthareconducted.

(12)

4.1 Optimum Timer Value

We investigatethe influenceof the timer valueon the performanceof the system.In the
following we consideran8 Mbpslink. Initially, thespacesizeis setto 2048bytes ,which
correspondgo a delayof 2 msec. The consequences thatif a lossoccurs,the delay
budgetQoScriterion (1 msec)hasbeenexceededefore. Thus,the maximumor critical
offeredloadcanbefoundfor agivendelayconstraint.Then,the spaceisizeis minimized
to find the minimumrequiredspacessize.

For theinterarrival time of consecutiely arriving voice sampleghe geometricdistri-
bution seemso be appropriatefor the voice transmissiormodel on the accesdink. It

canbescaledby A = Cifp. The coeficient of variationis ¢,,, = ,/% andrangesfor
the consideredraluesbetween0.5 and 1.0. To make investigationanore comparablea
modifiednegative binomialdistributionis usedsinceits meanandcoeficient of variation
canbe easilycontrolled. We make parametestudiesfor coeficientsof variationof 0.5,
1.0and2.0to obsene theinfluenceof the variability of the carriedtraffic.
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Figure3: Impactof timer settingon the capacityandthe requiredspacersize

For morevariableinterarrival timesalargerspacesizeis neededlthoughtheamount
of transmittedvoice sampless less. Therequiredspacesizeis very sensitve to variance
in interarrival time. The maximumnumberof connectionsanbe admittedfor a timer
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valueof 0.375,0.5 and0.625msecwhenthe coeficient of variationis 2.0,1.0and0.5,

respectrely, ascanbeseenn Figure3. Theoptimumtimervaluedepend®nthevariabil-

ity of theinterarrival time, however, atimervalueof 0.5 msecyieldsa goodperformance
in all casesThereforeall experimentsareconductedn thefollowing with thetimervalue

setto 0.5 msec.

The phenomenothatanoptimumtimer valueexists canbe explainedasfollows. On
the oneside,the overheaddecreasewith anincreasingimer valueandthe total number
of bytesarriving atthespaceis less,thus,reducingthequeuingtimein thespacerOnthe
otherside,anincreasedimeoutvaluemeansalongermultiplexing delay This denotesa
tradeof for thewaitingtime W = M + @ whichis the sumof multiplexing andspacing
delay

Thevarianceof theinterarrival time of the voice sampless transformednto variance
of IP pacletsize. Thisentailsabroadedistributionof thespacingime for amorevariable
interarrival time. The probability thatthe spacingtime exceedsa critical valueis highet
This is alsoconfirmedby the largerrequiredspacersize. If the spacingtakeslonget the
multiplexing time mustbe shorterto meetthemaximumdelay D. Hence amorevariable
IP paclet sizerequiresa shortermultiplexing timer value.

Parametestudieshave shovn thattheoptimumtimervaluedoesneitherdependnthe
bandwidthnor on the variability of the voice samplesize. The coeficient of variationof
thehistogramis 0.49,valuesof 0.35and0.65werealsotested However, for acoeficient
of variationof 2.0, which is unrealisticfor voice samplesizes,this resultis not expected
to hold.

The existenceof a tradeof regardingthe timer valueis one of the major differences
betweenRTP multiplexing andAAL-2 multiplexing. Thetimer limits the AAL-2 multi-
plexing time only rarely becausehe small ATM cells arefilled beforea timeoutoccurs
[3]. It hashardlyary effect providedthatit is setsufiiciently large. Oncea cell is filled,
theoverheadcannot befurtherreducedand,thereforethe above tradeof doesnot exist.

4.2 QoSBehavior

Again, we consideran 8 Mbps link with a minimum spacersize of 1488 bytes. The
waiting time of avoice sampleconsistof themultiplexing delay M andthe queuingtime
Q in thespacer The moretraffic arrivesthe shorteris the averagemultiplexing delaybut
thelongeris the queuingtime in the spacerFigure4 quantifiesthis tradeof.

Thefigurealsoshovsthequantilefor thedelaybudgetof thewaiting time distribution.
Its growth is roughly exponentiallyrelatedto the numberof supporteduisersandexceeds
the delaybudgetat the critical load of around0.71. Note thatthe waiting time in avery
low loadedsystemis largerthanin afully loadedsystem.The lossprobability depends
on the provided buffer sizewhich is setsuchthatits QoScriterionis violatedonly if the
delaycriterionis not metarny more. It risesexponentially too.

4.3 Comparisonwith Tunneling

A smallofferedloadandsmallbandwidthyield largeinterarrival timesreducingthe num-
berof multiplexedvoice samplesn anIP paclet. Therefore the comparisorof the mul-
tiplexing andthe tunnelingschememustbe madedependingon the bandwidthandthe
critical load.
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For higher bandwidththe interarrival time is smallerfor the sameofferedload and
morevoice samplesanbemultiplexed. Thisreduceghe proportionof the protocolover
headdrasticallywhile for tunnelingtheoverheadtaysthe same.Thisis illustratedin Fig-
ure5. Hence multiplexing allows a higherofferedloadthantunnelingsincelessprotocol
overheads transmitted It supportsanofferedloadof upto 0.808whereagRTP/)UDP/IP
tunnelingonly sustain®.277and0.372 respectrely. In otherwords,to carry618calls,a
bandwidthof 16 Mbpsand12.5Mbpsis neededor RTP/UDP/IPandUDP/IP tunneling
while for multiplexing a bandwidthof only 6.5Mbpsis required.

0.9
IP/UDP/RTP Multiplexing
0.8 - DPIRTP Multiplexin )
74 T —
O P
T 06 -
@ e
S 05 L
§ 04 IP/UDP Tunneling
E= ’ PR —
o
0 ‘ : ‘ | | |

Bandwidth C [Mbps]

Figure5: Impactof the bandwidthon the critical load

The protocoloverheads depictedin Figure6. With tunnelingthe protocoloverhead
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is constantwhile with RTP multiplexing the overheadcanbe substantiallyreduced.For
the AAL-2 multiplexing schemethis is different. Provided that all cells can be filled,
the protocoloverheadamountsto U/ EH943 — (319 (ATM header:5 bytes,AAL-2
overhead:1 byte per cell and 3 bytesper sample)and cannot be further reduced. The
sameprotocoloverheadeductioncanbereachedor RTP multiplexing ata bandwidthof
6 Mbpsandfor 16 Mbpsthe overheads only half of the AAL-2 overhead.

2,5
IP/UDP/RTP Tunneling

IP/UDP Tunneling
1,5 A t

0,5 1
IP/UDP/RTP Multiplexing

0 T T T T T T 1
2 4 6 8 10 12 14 16

Bandwidth C [Mbps]

Overhead

Figure6: Impactof the bandwidthon the protocoloverhead

4.4 Leaky Bucket Description

If the underlyingnetwork hasconsiderablymore bandwidththanthe virtual leasedine,
IP pacletscanbe sentwith variablebit rateimmediatelyafter multiplexing without ad-
ditional spacingandsuffer no delay Then,thetimeoutvaluecanbe setto the maximum
alloweddelay7,,,, = D = 1 msec,thus,increasingthe capacity However, the traffic
streamhasto be declaredby a leaky bucket description. The leaky bucket parameters
mustbe setcarefullyto avoid lossdueto policing by the network.

Usingtheanalysisve candetermingherequiredspaceibuffer to carryacertainnum-
ber of calls over a given bandwidthrespectingonly the loss QoS criterion. We setthe
timer valueto 1 msecand assume400 calls to be transmittedover the wired link. In
Figure 7 the tradeof betweenpeakrateandbucket size of a leaky bucket descriptionis
illustrated.

The requiredbucket sizeis highly dependenbn the varianceof the interarrval time
of the voice paclet stream. A minimum bucket size of 800, 1040 and 1550 bytesis
requiredsincethis is the maximumIP paclet size. The throughputis higherfor larger
bucket sizessincethe sametraffic canbe transportecbver a lower averagebandwidth.
400calls(c,qr = 1) canbetransportedver a4 Mbpslink while with spacinga 5 Mbps
link is required. However, a biggerbucket sizeis probablymore costly thana smaller

one. Thereforea costfunctionshouldbe appliedto thesecurvesto find the optimumfor
pricing.
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Figure7: Impactof the peakrateon theleaky bucketsize

5 Conclusion

We have investigatedhe RTP multiplexing protocolsuiteasit is suggesteth [2]. We es-

tablisheda modelfor transmissiorof compressedoice data. The affinity to AAL-2 was

shovn anddifferencegegardingthe performanceébehaior areexplainedthroughoutthe

paper For accurag andcomputabilityreasonswe developeda discretetime analysisus-

ing aframework for solvingdiscreteandfinite Markov chainswith somenew extensions.
The loss probability, the overhead,and the waiting time distribution for voice samples
werecomputed.

Usingthe analysis severalcasestudiesweremadeto investigatehe behaior of RTP
multiplexing. A performancdradeof regardingthe timer value could be shovn andan
explanationwasgiven. A valuewasfound which yieldedgoodperformancdor various
parametestudies.Thelink capacityin termsof supportableisersandtherequiredspacer
sizeswere very sensitve to variancein the interarrival times of the transportedvoice
samplesTheinfluenceof the offeredload on QoSmeasuresf voice packetswasshown.
Using RTP multiplexing insteadof (RTP/)UDP/IPtunnelingonly half the bandwidthor
evenlesswasneededo carry the samenumberof connections.For higherlink speeds
the overheads only half comparedo AAL-2. Finally, a leaky bucket descriptionwas
presentedor the multiplexedtraffic. Variablebit ratetransmissiorusinga leaky bucket
contractyieldeda betterbandwidthexploitationthanconstanbit ratetransmissiorusing
aspacesincetherewasno spacingtime.

Fromthesensitvity of theresultsonthevarianceof interarrival timesof voicesamples
we learnedthat thoroughsourcemodelingis crucial for a reasonablalimensioningof
systemparameteri an RTP multiplexing system.
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