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Abstract

The RTP/UDP/IPprotocolsuiteis in the procesof beingstandardizedor multiplexing real-
timeflows. It aimsatreducingheadewoverheadthereforejt is aptfor transportingcompressed
voicein accesdinks or in the core of mobile communicatiometworks. To provide realtime
guality of service networksrequiretraffic parametersvhich canbe metusinga spacer

In this paper an analysisfor the RTP/UDP/IPmultiplexing schemencluding spacingis
derived. Influenceson the performancef the systemareinvestigated An optimumvaluefor
themultiplexing timeris foundandthe effectsof theloadon thesystemis shavn. A numerical
comparisonof variousvoice datamultiplexing and tunnelingalternatvesis presented.The
affinity to AAL-2 multiplexingin ATM is pointedoutthroughouthe paperandthefundamen-
tal differenceswith respecto performancereexplained.
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1 Intr oduction

Thesucces®f thelnternetProtocol(IP) hasstartedhe discussiorin the standardizatiomom-
munity of the 3rd generatiorof mobile communicatiorsystemg3GPP)to introducelP asthe
transportechnologyin thewireline partof future mobile cellularcommunicatiorsystemg1].
Characteristicof compressedealtimevoice datatraffic are the small-sizedpacletsandthe
strict quality of service(QoS)requirementsi,e., upperboundson pacletlossanddelay Both
areproblematiowith IP technology

A UserDatagramProtocol(UDP) headelis mandatoryto carry informationover IP net-
works andfor voice dataan additionalRealtimeTransmissiorProtocol(RTP) headeiis com-
monly used. Tunneling,i.e., carrying a single voice samplein one IP paclet yields a low
bandwidthexploitationdueto headeoverhead.This canbe overcomeby multiplexing several
voice samplednto the payloadof a single RTP/UDP/IPpaclet. A timer is usedto limit the
multiplexing delay Thereforethe RTP multiplexing schemg?2] wasrecentlydiscussedn the
InternetEngineeringlaskForce(IETF).

Sofar, thelnternetis withoutrealtimecapabilitieshowever, IP is currentlybeingenhanced
with realtimeenablingtechniques.To obtainhardrealtimeguaranteesa flow hasto declare
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andto complywith sometraffic descriptors.Packetsthatarenot conformaredroppedby the
network unlessthey aredelayedby a spacer

In a transmissiorsystemwith RTP multiplexing and subsequenspacingor policing, the
parametersik e multiplexing timer value, spacetuffer sizeor leaky bucket parametersiave
to be setproperlyin orderto maximizethe numberof supportablecalls for which the QoS
characteristicaremet. A problemof similar natureoccursin ATM networks andis solved
by usingthe ATM AdaptationLayer 2 (AAL-2) for multiplexing. This hasbeenthoroughly
investigatedn [3, 4,5, 6, 7].

In this paperRTP multiplexing is investigated Casestudiesaremadeto setsystemparam-
etersin orderto maximizethe performance.ln Section2 we develop a modelfor the trans-
missionof wirelessvoice traffic over IP networks andexplain the fundamentatifferencedo
AAL-2. In Section3, theanalysids derivedandthe numericalresultsarepresentedn Section
4. Finally, Section5 concludeghe paper

2 Model for Tunneling and Multiplexing Wir elessData

Traffic originating from a cellular mobile communicationsystemis eithertunneledor mul-
tiplexed into IP paclkets and undegoesa spaceteforetransportatiorthrougha realtime|P
network. In the following, we concentraten voice datato develop a modelfor transmission
over|P technology

2.1 SourceModel

In today’s cellularmobile communicatiorsystems voice dataoriginatingat a mobilehandset
is transmittedover the radio interfaceto a basestation. It is transportecbver a wired access
link to the corenetwork andtakesthenthe reverseorderto reachthe destinatiorhandsetWe
aim atmodelingthetraffic occurringatthe accesdink.

In the UniversalMobile TelecommunicationSystem(UMTS) a handsetransmitsvoice
samplegeriodicallyevery 20 msec. Thus,the arrival processs fully characterizedby a sin-
gle F = 20 msectime frame. The probability that a senderis associatedvith an arbitrary
instantwithin thatinterval is evenly distributed. This entailsan exponentialdistribution of the
interarrival time A of consecutie voice samplesf the periodictime structureis nottakeninto
account.However, accordingo [8], themaximumalloweddelayis 1 msecwhichis only 21—0 of
theframeperiod,sothatthe periodicalstructureof the arrival processs not supposedo have
greatinfluenceon the performancegspeciallyin the presenceof mary users. The discrete
natureof digital communicationsystemsproposeshe geometricdistribution — the discrete
time counterparf the negative-exponentialdistribution — to modelthe interarrival times of
consecutiely arriving voice samples.

Tablel: Packetlengthdistribution of 8k vocoder
PaclketLength[bytes] | 12 15 20 32
Probability 0.598| 0.072| 0.039| 0.291

In the consideredvirelessnetwork a variablebitratevocoderis used.During an off-phase
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of a corversatiorthe informationcanbe bettercompressethanduringan on-phaseesulting

in voice samplesof differentsize. Therefore,a sampletraceof a single vocoderis clearly

positively correlated.But simulationshave shovn that for superpositiorof several usersthe

sizesof consecutiely arriving voice samplesanbe assumedo be sufficiently uncorrelated.
Tablel shavs atypical distribution of the samplesize B gainedfrom anlS-96vocoderoutput

[3, 9] (B = 18.348). We modelthe voice samplesize B by anindependentlyandidentically

distributed(iid) randomvariableaccordingto the givenhistogram.

2.2 Tunneling and Multiplexing

Carrying very shortdatapaclets by tunnelingthroughan ATM or IP network yields a low
bandwidthexploitation due to protocol overhead. However, the causefor the overheadis
differentin bothsystems.

ATM’s cell payloadsize easily doublesthe meansize B of a compressedoice sample.
Hence,thereis unusedspacein the cell dueto the fixed cell lengthwhich represents%%B .
100% = 189% overhead.

TheIP pacletsizeis variableandwastedpayloaddoesnot exist. However, the IP header
sizeis Hrp = 20 bytesfor theold IP version4 [10] andeven40 bytesfor the new IP version
6[11]. TheUDPheadehasHypp = 8 bytes[12] andtheRTP headecomprisesHgrp = 12
bytes[13]. In thiswork we usetheold IP version4. Hence theheadeoverheador voicedata
transmissiorover RTP amountsto fretfupetinre . 100% = 218%.

Multiplexing canbeusedin bothcasego reducetheoverheadIn ATM networks,thevoice
samplesareequippedwith a 3 bytesheadetandthentransmittedasa streamin the CPS-PDU
payload(47 bytes)over the network [14]. A timer controlsthe multiplexing delay i.e., if a
voice samplewaits morethana specifiedtime for cell completion,the cell is sentregardless
of whetherit is filled or not. Thus,AAL-2 preventswastedpayload. Oncean ATM cell is
completelyfilled, the overheadcannotbefurtherreduced.

In IP networks,thevoicesamplesaresuppliedwith a H,,,;,; = 2 bytesmini headef2] and
multiplexedinto an RTP/UDP/IPpaclket. The delaymustbe controlledby atimer, too. This
multiplexing schemeeduceshe fraction of the headersize with respecto carriedpayload.
The overheadminimizationis only limited by the maximumtransferunit of the underlying
transportmechanism- and by numberof 256 allowable users. Note that only one octetis
resenedfor the channeidentifier (CID) bothin AAL-2 asin RTP multiplexing.

If theofferedloadin ATM networksis sufficiently high suchthatmostof thecellsarecom-
pletedbeforethetimer stopsmultiplexing, thetimer hasnearlyno impact[3, 7]. In contrast,
thelP paclet payloadsizeis variableand,therefore multiplexing is only limited by thetimer.
Thisis the essentiatlifferenceto AAL-2 multiplexing.

2.3 IP Realtime Transport Parameters

After anlP pacletor an ATM cell is filled by multiplexing, it is sentthrougha realtimenet-
work. Realtimetransportatiorrequiresthe network to dedicateenoughbandwidthto the de-
siredvirtual leasedine. In return,the accessnustbe controlledto shelterthe QoSfrom an
— intentionally or not — misbeh&ed source. To achieve that aim, traffic parametershat de-
scribethe flow are necessaryo make appropriateresourceresenations. In ATM’s Constant
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Bit Rateclass[15] a peakcell ratemustnot be exceeded For IntegratedServices[16] Guar
anteedQuality of Serviceclass[17] the datastreammustbe leaky bucket conform. Whether
DifferentiatedServiceq18] will supporthardrealtimeconstraintss not clearyet.

If apacketis foundnotto beconformto thetraffic contractatthe policerof the network, it
will bediscardeckitherimmediatelyattheingressor will be markedanddroppedaterwithin
the network if congestioroccurs. Therefore packetsmustbe spacedj.e., deferreduntil the
traffic contractis met. Spacingintroducesadditionaldelaywhich might have a considerable
impacton the overall performancef the system.

Thespacethatwe considemvorksasfollows. It hasabytecounterS thatshavsthevirtual
occupanyg of its queue.lt is decreasedinearly by thelink rateC' over time but doesnot fall
shortof zero.Whenan|P pacletof size B arrives,it is acceptedf thecounterS plusthenew
paclet's sizedo not exceedthe queuelimit S,,,,. In this casethe counteris increasecdy B
bytesandthe paclet will besentafter% time. Otherwisethe IP pacletis discarded.

3 Analysisof RTP Multiplexing

A simulationrun to obtainreliable probabilitiesin the rangeof 10~9 is very time consum-
ing, while the analysisto be derivedtakesabout2 minuteson a Pentiumlll processar This
illustratesthe advantageof the analyticalapproactover simulation.

In this section,a discrete-timeanalysisfor the RTP multiplexing modelis derived. First, a
discrete-timeMarkov modelof the systemis setup to derive the stationarystatedistribution.
Basedon this the lossprobability, the waiting time distribution, aswell asthe averageproto-
col overheadfor the voice samplesare computed. Adjusting the input parametersthe same
analysiscanbe appliedto (RTP/)UDP/IPtunneling.

For the sale of simplicity somenotationsare introducedregardingan arbitrary random
variableX:

Xoins  Xmas minimumandmaximumvalueof X,

XY =1) randomvariableX conditionedonY = 1,

z, zfi] distribution of X andprobabilityPr(X = i),

z(Y =1) distribution conditionedonY” = 4,

X = 5me ali] - meanof X,

Zfi"}g;in p(X =i)-z[¢] conditonalprobabilityp(X = i) is unconditonedy X .

3.1 Stationary Distrib ution

Tofind thestationarystatedistribution of themodelanumericaframework for solvingdiscrete
andfinite Markov models[6] is applied,which is basicallya generalizedormalizationof the
methodusedin [19]. Then,theinputdistributionsfor theanalysisarespecified.

3.1.1 Applying the Framework

Theframeawork is extendedby the useof conditionaldistributionsandthe generatiorof a start
vectorby a shortMarkov chainsimulation.Only a descriptionof the Markov modelis needed
from which the numericalprogramcanbe syntacticallydeduced.The descriptioncomprises
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renaval points, statevariables factorsinfluencingthe systemand a statetransitionfunction
describingthe behavior of the system.

Themodelfrom Section2 canbedividedinto two parts.Whenthereis no IP pacletanda
voice samplearrives, multiplexing is started. The spacercounterjust beforethis time instant
is denotedby S°. The multiplexing time is limited by the timer valueTCU (timer common
usage).After multiplexing, the IP paclet containsN voice samplegesultingin anIP paclet
of sizeL(N) thatdepend®nthenumberof multiplexedvoice samplesThespacenccupang
isreducecby TCU - C yielding S’. If theupdatedspacemccupany plusthesizeof the new
IP paclet doesnot exceedthe spacersize S, the IP pacletis acceptedor transmissiorby
the spaceiincreasingts counterby L(N). Thefinal spacercounteris denotecby S* andthis
behaviour is describedy Algorithm 1.

Thetime until the next voice samplearrivesis calledintermultiplex time anddenotedby
I(N). It is dependenbn how mary samplesare multiplexedinto the IP packet. Within that
time thecounterS?! is diminishedoy I(NV) - C resultingS®. Thisis expressedy Algorithm 2.

Themodelmustbeformalizedto beappliedto theframework. To reduceghecomputational
compleity, we identify two renaval points. Thefirst is at multiplexing start,the secondone
just after discardingor acceptingthe multiplexed IP paclet for transmissionThe factorsthat
influencethe statetransitionfrom the first renaval point to the secondarethe numberN of
voice samplesn the multiplexed IP paclet andthe resultingIP paclet size L(N). The next
transitionis dependingon the intermultiplex time I (V). The stateof the first renaval point
is givenby the spacercounterS® while the descriptionof the secondrenaval point comprises
both the counterS! aswell asthe numberN' of multiplexed voice samplesin the last IP
paclet.

Thetransitionfunction f describeghe stateevolution betweerrenaval pointsof thefirst
type. It canbe decomposednto f = f! o f°, whereo denotesthe compositionoperator
Startingwith aninitial vector s, the successodistributions s? are computedusing f, s9_;
andthedistributionsof thefactorsN, L(N), andI(N). Thelimit of their averageeventually
yieldsthe stationarydistribution s°.

Input:  state(S°), multiplexedvoice samplesV, andIP pacletsize L(N)
S’ := max(S° — TCU - C,0)
if (S"+ L(N) < Spaz) then {IP pacletsent
S1:=8"+ L(N)
else {IP pacletlost}
Sl.=g
endif
N':=N
Output:  state(S*, N1)

Algorithm 1: Function f? - Multiplexing

3.1.2 Specificationof Input Distrib utions

The distributionsof N, L(N), and I(N) mustbe computedto determinethe input for the
analysis. They are derived from a given voice sampleinterarrival time distribution « anda
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Input:  state(S!, N!) andintermultiplex time I(N'1)
S0 := max(S* — I(N1) - C,0)
Output:  state(S°)

Algorithm 2: Function £ - Intermultiplex Time

givenvoice samplesizedistribution b.

DuringTCU time N = i pacletsarrive. Thishappensf thesumof: — 1 interarrival times
Z;;ll Aj is shortethanT CU andthesumof i interarrivaltimesy_"_, A; exceedst. Hence,
thedistribution of IV is definedby the condition

(SAJSTCU<iAj)/\<N:i). 1)
j=1 j=1

Thesizeof anlP paclet carrying N voice pacletsconsistsof the size of the containedvoice
samplesandprotocolheadersThe protocoloverheaccompriseghe IP, UDP, andRTP header
perpaclketplusthemini headefor eachmultiplexedvoicesample ConsequentlythelP paclet
sizeis givenby the conditionalrandomvariable

2
L(N =1i) = H]P+HUDP+HRTP+Z(Hmini+Bj)' @
j=1
Theintermultiplex time I (V) is thedurationfrom a multiplexing timeoutinstantuntil the next
voice samplearrives. Giventhatthereare N samplesn the last multiplexed IP paclet, the
intermultiplex timeis theremaindeof then-th interarrival time aftermultiplexing. Therefore,
thedistribution of (N = ¢) is determinedy the condition

i—1 i i
(X4, <Tcu <X 45) A (1¥ =i) = Y 4; - TCD) 3)
7j=1 j=1 j=1
In caseof ageometricainterarrival time I(IV) = A holds.

3.2 PerformanceMeasures

The loss probability p}*__, the waiting time distribution w, andthe overheado for a voice

loss?’

sampleareobtainedby usingthe stationarydistribution s°.

3.2.1 Voice SampleLossProbability

We considerthe multiplexing start. The next IP pacletis readyfor spacingafter T’CU time.
In the meantimethe spaceicounteris diminishedto S’ = max(S° — T'CU - C, 0) bytes.If the
newly arrivedlIP pacletwith L(N) bytesplustheupdatedctountevalueS’ exceedthespacers
capacityS,,.., the IP pacletis discarded Thelossprobabilityp! 2 (N = i, S° = j) of anIP

paclet dependn the numberN of containedvoice samplesandon the spacercounterS® at
multiplexing start

P (N=i,8"=j) = > UN =i)[k]. @)
(L(N=%)=k)+max((S°=5)-TCU-C,0)>Smas
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Thelossprobability p?2.. = Ni,s /N of avoice sampleis the averagenumberN;,; of lost

loss

voice samplesin an IP paclet divided by the averagenumberN of voice samplesin an IP

paclet.
Nioat(N =1,8° =) = piogs(N =14,5° =) i (5)
N(N=i) = i (6)

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

3.2.2 Voice SampleOverhead

Theoverhead = U/V is definedby thequotientof themeansentprotocolheadesizeU of a
transmittedP packetandthe meanof the sentpayloadsizeV'. Both aredependingpn N = ¢
andS° = j. Theprotocolheadessizeof anIP pacletis (Hrp + Hypp + Hrrp + Humini - 1)
andthevoice samplepayloadsize (L(N = i) = k) — (Hrp + Hupp + Hrrp + Hpmini - ©)
is theIP paclet sizewithoutthe protocolheader

UN=i,8"=j) = (1-pigeu(N=1,5"=1))-

(Hrp + Hypp + Hrrp + Huini - 1) (7

> UN =D

(L(N=i)=k)+max((S9=5)—TCU-C,0)<Smas

(L(N =1i) =k) — (Hrp + Hypp + Hrrp + Hpini - 9))  (8)

Again, unconditioningoy N andS° yieldsU andV.

V(N =4,8° =)

3.2.3 VoiceSampleWaiting Time

The voice samplewaiting time W = M + @) consistsof the multiplexing delay M andthe
gueuingtime () in thespacerlt canonly becomputedor pacletsthatarenotlost.

Themultiplexing delay M thatavoicesampleencounterss thetime fromits arrival instant
until the endof multiplexing. It is dependenbn the numberof multiplexed voice samplesn
thelP paclet: if thereis only onevoicesamplejt is clearthatthe multiplexing timeis TCU;
if thereare morethanone,it is morelikely thatit is shorter The distribution for M (N) is
determinecby

(SAJ-gTCU<iA,-)/\(0§k<i)/\(M(N=z') S TCU—iA]-). ©)
j=1 j=1 j=1

At the beginning of multiplexing, the spacercounteris S° andit is reducedto S’ =
max(S° — TCU - C,0) aftermultiplexing. At this time the IP paclet getspossiblyaccepted
for transmissiorandencounters conditionalwaiting time of

Q(S°) = max(S°-TCU-C,0)/C (10)

Theprobability of waitingtime W = h is thequotientw[h] = Ny (W = h)/Nsen: of the
averagenumberNy, (W = h) of voicesamplesn anlP packetthathave waitingtime W = h
andtheaveragenumberN,.,; of sentvoice samplesn anlP paclet.
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TheaveragenumberNy, (W = h, N =i, S° = j) of voice sampleghatwait W = h time
in anIP pacletwith N = i voicesamplesandwith acounterof S° = j atmultiplexing startis

Nw(W =hN=i,8"=j) = (1-p,(N=i,5"=j)-i- (11)
h
> m(N =)k - q(S° = j)[h — k.
k=0

Unconditioningof N andS° yields Ny (W = h). For the numericalprogram advantagecan
betakenof thefactthatthedistribution of Q(S°) takesonly thevalues) and1.

The averagenumberN,.,; = N — N, is the averagenumberof multiplexed voice
samplesvithoutthelost voice samples.

3.3 Analysis of (RTP/)UDP/IP Tunneling
Theanalysisof (RTP/)UDP/IPtunnelingis a specialcaseof RTP/UDP/IPmultiplexing.
e Only onevoicesampleis transportedy anlP paclet: N = 1 (constant).

e The headeroverheadof an IP paclet tunnelinga voice sampleonly dependson the
Hip+ Hypp for UDP/IPtunneling

protocolsuite: H(N) = )
Hip+ Hypp + Hrrp for RTP/UDP/IPtunneling.

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

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

4 Results

First, the QoScriteriaaredefinedanda suitedbandwidthis consideredor multiplexing voice
data.Thisleadsto a slight modificationof the multiplexing protocol. Then,parametestudies
are conductedkeepingthe bandwidthfixed. An optimumtimer value TCU is found aswell
asthe correspondingequiredspacersizeis evaluated. The behaiour of the QoS parame-
tersis obsened varying the load. Finally, a comparisoramongvarioustypesof voice data
multiplexing andtunnelingis madefor differentbandwidth.

4.1 QoSCriteria and Time Scale

We definethe loss probability of at most10~8 for a voice samplea QoS criterion for voice
transmission Accordingto [8] the delaymustnot be largerthan D = 1 msec,however, this
valueis not fixed yet. Sincethis is very restrictive, we definea secondQoS criterion: the
probability of a voice samplewaiting longerthan the delay budgetmust be at most 104,
Thesearethe constraintdor all datacomputedn thefollowing section.

The nettraffic bandwidthis denotedby C* = n - % wheren is the numberof users,B
the meanvoice samplesizeand F' the framelengthin UMTS. The offeredload p = % is
thefraction of the nettraffic bandwidthC* divided by the link bandwidthC'. The numberof
supportableallscanbecomputedoy n = 2L
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For theinterarrival time (givenin TU) of consecutiely arriving voice samplegshegeomet-
ric distribution seemdo be appropriatefor the voice transmissiormodel on the accesdink.

It canbescaledby A = C%. The coeficient of variationis ¢y, = ,/%. It is aboutl for
mostof the consideredraluesof p. Therefore parametestudieswith ¢, ., = 1 arerelevantfor
thescenariadepictedn Section2. To investigatehe sensitvity of theresults differentcoefi-
cientsof variationsmustbe tested. Therefore we decideto usea modified negative binomial
distribution sinceits meanandcoeficient of variationcanbe easilycontrolled.

The spacercounterS andthe paclet size B aremeasuredn byteswhile time is measured
in discretizedime units (TU). Theinterpretatiorof the numericalresultsdepend®n thetime
scale.We setthevaluefor D = 128 TU, hence 128 TU correspondo 1 msec.If we decide
onemsecto be only 32 TU, the following resultsmustbe interpretedwith a quarterof the
indicatedbandwidthanda delaybudgetof D = 4 msec.

4.2 Bandwidth

The first questionis which bandwidthis aptto carry informationusingthe suggesteanulti-
plexing protocol. One Mbps correspondso a link speedof 128 %l% It is toolittle to carry
every millisecondamultiplexedIP pacletcomingfrom avoicetraffic streanmwith acoeficient
of variationof ¢,,,, = 1.0 sincethedelaycriterioncannotbemet. Two Mbpsarenotsufficient
for ¢, = 2.0. On the otherside,with 3 Mbps 259 userscould be carriedif ¢, = 0.5,
however, the protocolallows only for 256 users.Hence the proposedorotocolis notfit for a
wide field of applications.Therefore we proposeto resene 2 octetsfor the CID value. The
following investigationsareperformedusingthis proposal.

4.3 Optimum Timer Value

We investigatethe influenceof the timer value TCU on the multiplexing performanceusing
an 8 Mbpslink. Initially, the spacersizeis setto 2048 bytes,which correspondso a delay
of 2 msec. The consequencés that if a lossoccurs,the delay budget(1 msec)hasbeen
exceededbefore. Thus,the maximumor critical offeredload canbe found for a given delay
constraint. Then, the spacersizeis minimizedto find a requiredminimum that still meets
the delay constraint. For more variableinterarrival timesa larger spacersizeis neededhan
for small ones(Figure 1) althoughthe critical load, i. e., the numberof allowable usersor
the amountof transmittedvoice samplesjs smallerascanbe seenin Figure2. Therequired
spacessizeis very sensitve to variancein interarrival time.

The maximumnumberof connectionganbe admittedfor atimer valueof 0.375,0.5and
0.625msecwhenthe coeficient of variationis 2.0, 1.0 and 0.5, respectiely. The optimum
timer value dependon the variability of the interarrival time, however, a timer value of 0.5
msecyieldsa goodperformancen all cases.Therefore all experimentsareconductedn the
following with thetimer valuesetto 0.5 msec.

The phenomenotthatan optimumtimer valueexists canbe explainedasfollows. On the
oneside,the overheaddecreasewith anincreasingimer valueandthetotal numberof bytes
arriving atthe spaceiis less,thus,reducingthe queuingtime in the spacer On the otherside,
anincreasedimeoutvaluemeansalongermultiplexing delay This denotesa tradeof for the
waitingtime W = M + @ whichis the sumof multiplexing andspacingdelay
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The varianceof the interarrival time of the voice sampless transformednto varianceof
IP paclet size. This entailsa broaderdistribution of the spacingtime for a more variable
interarrival time. The probabilitythatthe spacingtime exceedsa critical valueis highet This
is alsoconfirmedby the largerrequiredspaceisize. If spacingtakeslonger, the multiplexing
time mustbe shorterto meetthe maximumdelay D. Hence,a morevariablelP paclet size
requiresa shortemmultiplexing timer value.

Parameteistudieshave shovn thatthe optimumtimer valueis not sensitve to the chosen
bandwidthnorto thevarianceof arealisticvoice samplesizedistribution (0.35 < ¢yqr < 0.5).
However, for a coeficient of variationof ¢,,,, = 2.0, which is unrealisticallyhigh for voice
samplesizes this resultis not expectedo hold.

The existenceof a tradeof regardingthe timer valueis one of the major differencese-
tweenRTP andAAL-2 multiplexing. Underfull loadthetimer limits the AAL-2 multiplexing
time only rarely becausehe small ATM cellsarefilled beforea timeoutoccurs[3, 7]. It has
hardlyary effectprovidedthatit is setsufficiently large. Onceacell isfilled, the overheactan
notbefurtherreducedand,thereforethe above tradeof doesnot exist.

4.4 QoSBehavior

Again, we consideran 8 Mbpslink with a minimum spacersize of 1504 bytes. The waiting
time of a voice sampleconsistsof the multiplexing delay M andthe queuingtime @ in the
spacer The moretraffic arrivesthe shorteris the averagemultiplexing delay but the longer
is the queuingtime in the spacer Therefore the waiting time in a very low loadedsystemis
longerthanin a fully loadedsystem. Figure 3 also shows the quantilefor the delay budget
of the waiting time distribution aswell asthelossprobability. Their growth is of exponential
orderrelatedto the numberof supportedusers.Both exceedthe QoS criterion at the critical
load of around0.676sincethe spacetbuffer hasbeenminimized.
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4.5 Comparisonof Multiplexing and Tunneling Alter natives

As mentionedbefore,tunnelingcanbe performedby usingRTP but alsoby the mereUDP/IP
protocolsuite. On the otherside,for multiplexing in IP networks, one canthink of different
options. The existing draft with the 2 byteslarge mini headerMux-2-12) hasseveral draw-
backs. The timestampandthe sequenceaumbercanonly be guaranteedf they arecarried
in the mini header(Mux-12-12) blowing it up to 12 bytes. The otherdrawbackis the small
CID which canbe overcomeby reservingonemoreoctet(Mux-3-12). Finally, on canthink of
a multiplexing protocolconsistingonly of the mini headergMux-3-0) sincethe information
from the RTP headelis not reliableanyway on a lossylink.

Theperformancef amultiplexing protocolhighly depend®nthetraffic to becarried. The
higherthebandwidthandthe offeredload,thesmalleraretheinterarrival times. Thisincreases
the numberof multiplexed voice samplesin an IP paclet and reduceshe proportionof the
overheadascanbe seenin Figure5. Hence the critical load increasesnorethanby the raw
multiplexing gain (Figure4), while for tunnelingthe overheadstaysthe same.

Both Mux-3-0 andMux-3-12supportanofferedload of upto 0.77whereagRTP/)UDP/IP
tunnelingonly sustain®.28and0.37,respectiely. In otherwords,to carry618calls,aband-
width of 16 Mbpsand12.5Mbpsis neededor RTP/UDP/IPandUDP/IP tunnelingwhile for
Mux-3-0 andMux-3-12 a bandwidthof only 6.7 Mbpsis required. The existentmultiplexing
protocolcanonly be usedfor a bandwidthup to 3.5 Mbps (MUX-3-12) and5 Mbps (MUX-
12-12),sincethe numberof multiplexed usersexceeds?256, otherwise. Mux-12-12 doesnot
reveala greatadvantageovertunneling.

For the AAL-2 multiplexing schemehis is different. Providedthatall cells canbefilled,

the protocol overheadamountsto 6/(47/(:%)”3 = 0.312 (ATM header:5 bytes, AAL-2

overhead:1 byte percell and 3 bytesper sample)andcannot be furtherreduced.The same
protocoloverheadeductioncanbereachedor multiplexing in IP networksat a bandwidthof

6 Mbps,andfor 16 Mbpstheoverheads only 20%.
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critical load protocoloverhead

5 Conclusion

We establisheédmodelfor thetransmissiorf compressedoicesamplesn UMTS usingRTP
multiplexing. The affinity to AAL-2 was shavn and differencesregardingthe performance
behavior were explainedthroughoutthe paper For accurag and computabilityreasonswe
developeda discrete-timeanalysisusinga frameawork for solving discreteandfinite Markov
chainswith somenew extensions. The loss probability, the overhead,and the waiting time
distribution for voice samplesverecomputed.

Usingtheanalysis severalcasestudiesweremadeto investigatehe behavior of RTP mul-
tiplexing. First, we modified the existing protocol draft [2] with a larger connectionlD to
allow morethan 256 calls for multiplexing. This seemso be necessargiventhetight QoS
requirementsn [8]. A performanceradeof regardingthe timer value could be shovn and
explained. This resultedinto an optimum timer value which yielded good performancefor
variousparametestudies. Thelink capacity in termsof supportableusers,andthe required
spacersizeswerevery sensitve to variancein the interarrival timesof the transported/oice
samplesHence thoroughsourcemodelingis crucial for areasonabl@arametesettingin an
RTP multiplexing system.Furthermorethe influenceof the offeredload on the QoS parame-
terswasshavn. A performanceomparisorof variousmultiplexing andtunnelingalternatves
waspresentedFor multiplexing only half or evenlessthe bandwidthwasneededo carrythe
samenumberof connectiongswith tunneling.For very high link speedsthe overheads only
two thirdscomparedo AAL-2.

Furtherstudiesshouldaddresghe traffic transportin UMTS networksin the presencef
voice, circuit andpaclet switcheddata. It is not clearyet, how the differentQoScriteriacan
bemet.
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