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Abstract

For thetransmissiorof voicetraffic in IP-networksthe commonlyusedprotocolsuitefor realtimedata
transferin IP-networksleadsto a very large protocoloverheador voice dataanda poor utilization of the
bandwidthfor userdata.Multiplexing severalflows onarouteinto onelP paclet overcomeghis problem.
In thefutureUMTS, realtimetraffic lik e voiceandcircuit switcheddataaretransporte@ver the samenet-
work in thewireline partof the UMTS terrestrialaccessietwork. Thefollowing investigationshaws the
performancedradeofs of multiplexing in two differenttypesof quality of serviceenhancedP-networks.
The analyticalresultstake into accountboth voice andcircuit switcheddata. Variousmultiplexing and
tunnelingschemesirecompared.
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1 Intr oduction

The succes®f the InternetProtocol(IP) hasstartedthe discussiorin the standardizatiotbody of the 3rd
generationof mobile communicationsystems3GPP)to introducelP asthe transporttechnologyin the
wireline partof future mobile cellularcommunicatiorsystemq1]. Characteristicef realtimedatatraffic
like compressedoice or 64 kbpscircuit switched(CS) dataarethe strict quality of service(QoS)require-
mentsthey have, i.e., upperboundson pacletlossanddelay At the moment,bothareproblematicwith IP
technology

A UserDatagramProtocol(UDP) headeris mandatoryto carry informationover IP networks andfor
voice dataan additionalRealtimeTransmissiorProtocol (RTP) headeris commonlyused. Compressed
voice sampleomein small-sizedpacletsandsotunneling,i.e., carryinga singlevoice samplein onelP
paclet yields a low bandwidthexploitation dueto headeroverhead.This canbe overcomeby multiplex-
ing several voice samplesinto the payloadof a single RTP/UDP/IPpaclket. A timer is usedto limit the
multiplexing delay Therefore,the RTP multiplexing schemeg2] was recentlydiscussedy the Internet
EngineeringTask Force (IETF). A problemof similar natureoccursin ATM networks andis solved by
usingthe ATM AdaptationLayer 2 (AAL-2) for multiplexing. This hasbeenthoroughlyinvestigatedn
[3,4,5,6,7].

Sofar, thelnternetis withoutrealtimecapabilitieshowever, IP is currentlybeingenhancedvith realtime
enablingtechniquedik e DifferentiatedServices(DiffServ) [8] or IntegratedServices(IntServ) [9, 10].
DiffServis discussedvith only peakrateinformatione.g. to realizea virtual leasedliine. If the traffic
contractis not metfor an IP paclet, it might be droppedby the network, andtherefore,a spacershould
delaythe pacletsto achieve peakrate conformance.IntServrequiresa leaky bucket descriptionfor the
traffic contractandto avoid lossesby the policing unit, the bucket sizemustbe properlyset.

In a transmissiorsystemwith RTP multiplexing and subsequenspacingor policing, parameterdik e
the multiplexing timer value, the spacetbuffer size or leaky bucket size have to be setproperlyin order
to maximize the numberof supportablecustomersfor which the QoS characteristicare met. Then, a
connectioradmissiorcontrol (CAC) mustshelterthe usersin the systemfrom overload.

In this paperRTP multiplexing in QoS-IP-netwrks is investigated.Casestudiesare madeto setthe
systemparameterén orderto maximizethe performanceln Section2 we developa modelfor the trans-
missionof compressedoice and CS datatraffic. Performanceneasuresrom this modelarederivedin
[11]. In Section3, numericalresultsshav the performancef tunnelingandmultiplexing systenundervar
ious circumstancesSystemsawith peakrate shapingaswell aswith leaky bucket policing are considered.
Finally, Section5 concludeghe paper



2 Modelsfor WirelessData Transmission

Traffic originating from a cellular mobile communicationsystemmust be carried over a wired network
to its destination.Voice dataare small, therefore tunnelingcausesigh headeroverheadn IP-networks.
Multiplexing severalconnectionsnakesthe communicatiormoreefficient. VoiceandCSdataarerealtime
applicationsandrequirerealtimeguarantee$rom the wired network part. Either peakrate spacingor a
leaky bucket traffic contractcan be used. Using the first one, bursty traffic must be delayed,using the
secondne,aleaky bucket parametehasto be declaredn additionto the neededandwidth.

2.1 SourceModel

In today’s cellularmobile communicatiorsystemsaswell asin thefuture UniversalMobile Telecommuni-
cationsSystem(UMTS) (Figure 1), voice andCSdatatraffic originatingata mobile handsets transmitted
over theradiointerfaceto a basestation(NodeB). It is transportedn a wired network over the drift radio

network controller(D-RNC), theservingradio network controller(S-RNC),andthe UMTS mobile switch-

ing center(UMSC) into the corenetwork andfrom thereeitherinto the UMTS terrestrialaccessetwork

(UTRAN) or into the public switchedtelephonenetwork of its peer Thewired network might consistof a

virtual privatenetwork (VPN) or leasedines.

Figurel: A soft-handeerin UMTS

2.1.1 SourceModel for Voice

In UMTS an audio handsetransmitsvoice samplesperiodically every 20 msec. Thus, the voice arrival
processs fully characterizedy a singletime frame of £, = 20 msec. The probability that a senderis
associateavith anarbitraryinstantwithin thatinterval is uniformly distributed. This entailsanexponential
distribution of theinterarrival time A of consecutie voicesamplesf the periodictime structures nottaken
into accountHowever, accordingo [12], themaximumalloweddelaybudgetfor multiplexing andsending
is 1 msec.Thatvalueis still in discussionlt is only % of theframeperiod,sothatthe periodicalstructureof
thearrival processs not supposedo have greatinfluenceon the performancegspeciallyin the presencef
mary users.Thediscretenatureof digital communicatiorsystemgproposeshegeometriaistribution—the
discretetime counterparpf the exponentialdistribution — to modelthe interarrival timesof consecutiely
arriving voicesamples.

In theconsideredvirelessnetwork anadaptve multi-rate(AMR) vocoderis used.During anoff-phase
of a corversationthe information can be bettercompressedhan during an on-phaseresultingin voice
samplesf differentsize. Therefore asampletraceof a singlevocoderis clearlypositively correlated.

With the agumentfrom above — the delay budgetis small comparedo the periodic structureof the
arrival process- for superpositiorof severalusersthe sizesof consecutiely arriving voice samplesanbe
assumedo be sufficiently uncorrelatedWe usea typical 3-modaldistribution of the outputsamplesize B



(B = 18.9672) from an AMR vocoderappliedto voice traces. We modelthe voice samplesize B by an
independenandidenticallydistributed(iid) randomvariableaccordingto the givenhistogram.

2.1.2 SourceModel for 64 kbps Cir cuit Switched Data

A typical applicationof the CS dataserviceis a videophoneconferencingj.e. peerscommunicataising
realtimevoiceandvideo. A datastreanof 64 kbpsCSdatameansnebyteis sentevery 125usec,however,
datawill becarriedin paclketsthatareassembleduringaframeof length Fog. With the samearguments
from above, the interarrival time for n CS datauserscanbe modeledby a geometricdistribution with a

n H F
meanof 72 andaconstanpacletsizeof 525 bytes.

2.2 Data Transfer Protocol Alter nativesin IP-Networks

Realtimedatapackets mustbe carriedbetweerthe differentnetwork entitiesin UMTS. In principle, any
kind of protocolcouldbeused but the succes®f theInternetProtocolin the pastoffersitself asatransmis-
siontechnology

2.2.1 Tunneling Realtime Data

| IP (40) | uDP(8)| RTP (12) | Realtime Data (20) |

Mux-Headers

i I W G -

Realtime Data

Figure2: Theprotocolsuitefor tunnelingandmultiplexing realtimedata.

Carrying a singlerealtime paclet in an IP paclet is called tunneling. When a realtime data paclet
is tunneledin the Internet,usually the RTP/UDP/IP protocol suiteis used. In the new versionof the IP
protocol, the headerthas40 bytesand carriesinformation aboutthe sourceand destinationrmachine. The
new version(IPv6) [13] of the P protocolwill be necessaryn thefuture whenall communicatiordevices
needto be equippedwith anIP address.The UDP headeiis 8 bytesin size and qualifiesthe destination
port[14]. The RTP headeras12 bytesandcarriesinformationslike a timestampor a sequence&umber
[15]. As mentionedbefore,the averagevoice paclet sizeis not even 19 bytes. More than300% protocol
overheads carriedby the network resultingin alow bandwidthexploitation by userdata.

2.2.2 Multiplexing Realtime Data

Multiplexing is a meansto reducethe overheadcausedy the RTP/UDP/IPprotocolsuite (Figure2). An
Internetdraft [2] proposedo carry several realtimepacletsin a single RTP-paclet. Only a 2 byte mul-
tiplexing headeris usedto carry a 1 byte connectionidentifier (CID) and the realtime paclet lengthto
delimit the multiplexed datapackets. Multiplexing meansmappingdifferentrealtime connectiongo the
samedestinationlP addressand port differentiatingthemby the CID (Figure 3). The multiplexing pro-
cessmustbe limited by a timer to avoid unacceptablelelaysfor realtimedata. Therefore the timestamp
of the RTP-paclet approximateshe onesof the carriedrealtimepaclets. Demultiplexing reconstructshe
differentrealtimedatastreams Whendemultiple<ing andmultiplexing is appliedat once,e.g. to routethe
traffic in the UMSC or in the core,we cantalk aboutRTP switching. We denotethe multiplexing protocol
describedhbore by Mux-2-12sinceit has2 bytesmultiplexing headerand12 bytesRTP header However,
if the original RTP informationis neededthereis anMux-13-120option. Onebytefor the CID valuemight
not be enough sothatwe will alsoconsidera Mux-3-12 versionthatallows morerealtimeconnectiongo
bemultiplexed. If no RTP informationis neededMux-3-0 canbeused.

Anothermeando getrid of thelarge protocoloverheads headeicompressioifl6, 17] like theonethat
hasto be appliede.g. on theair interface.However, this approachworks only on a link-by-link basissince
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Figure3: RTP switchingperformsdemultiplexing andmultiplexing simultaneously

the outputof a headercompressions not an IP-paclet any more. A multiplexed packetin contrastis an
ordinary IP-paclet and canbe transparentlyroutedthroughthe Internet(Figure 4). This is animportant
feature whenthetraffic hasto be carriedoverthe network of a differentISP

p— Header Compression PR

N Point-2-Paint Link, no IP-Packet N

Connection

Multiplexing

Figure4: Thedifferencebetweerneadeicompressiomndmultiplexing.

2.3 Realtime Transfer Traffic Contracts

Whenthe IP paclet s filled, it is sentthrougha realtimenetwork. Realtimetransportatiorrequiresthe
network to dedicateenoughbandwidthto theflow. To realizethatefficiently, therealtimeflow hasto declare
histraffic parametersln return,theaccessnustbe controlledto shelterthe QoSfrom an—intentionallyor
not— misbehaedsourcej.e., thepolicing unit of the network discardacletsviolating thetraffic contract.
In ATM, the ConstantBit Rateclass[18] is commonlyusedand a peakrate mustnot be exceeded.
For IntegratedServices[9] Guaranteeduality of Serviceclass[10] the datastreammustbeleaky bucket



conformwhichis avariablebitratecontract. WhethemifferentiatedServiced8] will supporthardrealtime
constraintss notclearyet. Sincepeakratespacingandleaky bucket characterizatiomaretwo basicoptions,
we will investigatébothof them.

2.3.1 PeakRate Spacing

Whenatraffic contractrequiresonly a peakrate,it mustnever be exceededlIf a paclketis foundto be not
conformto thetraffic contractat the network boundarieof a differentserviceprovider, the policer either
discardsit immediatelyat the ingressor the packet will be marked anddroppedlater inside the network
if congestionoccurs. Therefore,packets mustbe spaced,.e., deferreduntil the traffic contractis met.
Spacingntroducesadditionaldelaywhich might have a considerablémpacton the overall performancef
thesystem.

Thespacethatwe considemworksasfollows. It hasa byte counterS thatshows the virtual occupang
of its queue. It is decreasedinearly by thelink rate C' over time but doesnot fall shortof zero. When
an|P pacletof size B arrives,it is acceptedf the counterS plusthe new paclet’s sizedo not exceedthe
queudimit S, ;- In this casethe packet will besentafter% time andthe counteris increasedy B bytes.
Otherwisethe IP pacletis discarded.
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Figure5: Multiplexing with subsequengpacing

Figure5 summarizeshe modelfor multiplexing realtimedatawith subsequengpacing.Datapaclets
arrive with geometricallydistributedinterarrival times A. Their size B follows a given histogram. Then
they are multiplexed using the RTP/UDP/IP protocol accordingto the value for the multiplexing timer
TCU. TheresultinglP pacletsaretreatedaccordingo the specificatiorof theabove describedspacerThe
waitingtime W = M + @ is the sumof the multiplexing time M andthe spacingtime @ whichis akind
of queuingtime.

2.3.2 Leaky Bucket Traffic Contract

Another possibility is to describethe IP streamby the leaky bucket parametersransmissiorrate C' and
bucketsize S, 4z -

A leaky buckettraffic contractallows the sourceto senddatastreamgshatsometime®xceedthe booked
bandwidth.Thevariationis controlledby aleaky bucket policerat theingressof the IP-network to protect
it fromillegal overload.A leaky bucketpolicercanbeseerasavirtual spacethatdoesnt delaythepaclets
but discardghemif the spacercounterexceedshe spaceisizewhich is now calledthe bucket size. Using
aleaky bucket traffic contract,the IP packetscanbe sentimmediately hence thereis only multiplexing
delay To avoid lossestheleaky bucket sizemustbe setlarge enough put to save transmissiorcostsit has
to beminimized.



2.4 QoSCriteria and Performance Measures

We definethelossprobability of at most10~¢ a QoScriterionfor arealtimepaclet. Accordingto [12] the
delaymustnotbelargerthanD = 1 msec.Sincethisis very restrictive, we definea secondQoScriterion:
the probability of a voice samplewaiting longerthanthe delay budgetmustbe at most 10~ (Figure 6).
Thesearethe constraintdor all datacomputedn thefollowing section.

A

P(W>t)

P(W>DB) (1104

DB Waiting Time
t [msec]

Figure6: Thequantileof thewaiting time

The netuserdatabandwidthis denotedby C* = n,, - fﬂ“ wheren,, is the numberof voice users,B,
the meanvoice samplesize,and F, the framelengthfor voicein UMTS. This canbe extendedto CSdata
anda mixture of voiceandCSdata.

Theofferedloadp* = % is thefractionof thenetuserdatabandwidthC™* dividedby thelink bandwidth
C'. Theoveralllink utilization p is thencomputedby p* - (1 + oh) whereoh is theresultingvoice sample
overhead.The numberof supportablecalls canbe computedby n, = ”*'gT'F“, again,this formulacanbe
generalizedor any mix of voiceandCSdata. ’

3 Results

The numericalresultspresentedn this sectionaregainedfrom ananalysisderivedin [11]. The systemis
describedn discreteunits. The spacercounterS andthe paclket size B aremeasuredn byteswhile time
is measuredn discretizedime units (TU). For theinterarrival time of consecutiely arriving realtimedata
pacletsthe geometricdistribution seemdo be appropriatefor the voice transmissiormodelon the access

link. It canbescaledby 4 = C%. The coeficient of variationis c,q, = ,/%. If Aisclosetol,i.e.,
therearemary arrivalsin the system,it is heavily loadedor the pacletsarevery small, the coeficient of
variationis closeto zero,otherwiseit is boundechy 1.

In the following, performancestudiesare performedboth for peakrate spacingandleaky bucket traf-
fic contracts. The transmissiorof voice and CS datais investigatedand tunnelingis comparedwith its
multiplexing alternatves.

3.1 PeakRate Spacing

As mentionedbefore,a traffic contractthat comprisesonly the peakraterequiresthe sourceto spacethe

datastreamto preventuncontrollediossesat the ingressof the carrying QoS-IP-netwrk dueto policing.

Themultiplexing time andthe spacingime contributebothto therealtimepaclet waitingtime. If thedelay
budgetQoScriterioncanbemet,thelosscriterioncanalsobefulfilled justby having alargeenoughspacer
buffer. Hence thelimiting factorfor the critical loadis therealtimepaclket waiting time.

3.1.1 Comparison of Various Multiplexing and Tunneling Techniques

In this scenarioonly voice datais assumedind the multiplexing timer is setto 0.5 msec. At higherlink

ratesmoreconnectionsnustbeactiveto reachthecritical load. Dueto theeconomyof scale the bandwidth
canbebetterexploitedwithout violating the QoSrequirement®f thedata.In addition,at higherbandwidth
more voice samplescan be multiplexedinto an IP-paclet, which reduceshe headeroverheadwhile the



for tunnelingprotocolsthe headeroverheadremainsconstant(Figure 7). So, the proportionof userdata
transportedn thelink is higherfor multiplexing protocols.

The size of the IP/UDP/RTP protocolfor multiplexing doesnot really mattet the overheadfor Mux-
3-12andMux-3-0 hardly differswhile the size of the multiplexing headeris crucial: Mux-13-12shavs a
substantiallyhigheroverhead.

IP/UDP/RTP |

IP/UDP

MUX 2-12

Overhead

2 4 6 8 10 12 14 16
Bandwidth

Figure7: Multiplexing decreasethe protocoloverhead.

For themultiplexing protocolwith only onebyteresenedfor the CID value(Mux-2-12)andn customers
in thesystemn, = [52;] RTP connectionsnustbe openedandspacecbn a commonflow basis.To take
thatinto accountwe multiply the RTP/UDP/IPheadessizeby n.. The 2 byte CID alternatve outperforms
the 1 byte CID versionat a bandwidthof morethan4 Mbps. Therefore Mux-3-12is usedfor the following
studies.

MUX 13-12

03 / IP/UDP

02 § }
IP/UDP/RTP
0,1 4'

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

Bandwidth

Critical Load

Figure8: Multiplexing allows higherlink utilization by userdata.

Although the overall link utilization is fairly similar for all testedprotocols,the link utilization by
userdatadiffers substatiallyaccordingto the proportionof userdatain a sentlP-paclet (Figure 8). At
16 Mbpsthe light weight multiplexing protocols(Mux-2-12, Mux-3-12, and Mux-3-0) clearly outperform
tunneling: the tunnelingoverheads 13 timeslarger and, therefore the link exploitation for userdatais



260% higher. In otherwords,to carry 450 voice calls, 16 Mbps are neededor RTP/UDP/IPtunneling
while for multiplexing (Mux-3-12)6 Mbpsareneeded.

3.1.2 Optimum Packet Sizefor CS Data

In this scenariconly CS datatraffic is assumedthe bandwidthis 8 Mbps andthetimer valueis setto 0.5
msec.A CSdatasourcehasa bandwidthof 64 kbps,i.e. 1 byte per 125 usec. The optimumpacket sizeis
about16 bytesfor thetransportationn thefixednetwork partof UMTS, howevervaluesfrom 8 to 50 bytes
yield alsogoodlink utilizationsby userdata(Figure9). The existenceof an optimumis dueto a tradeof
betweernoverheadandvariablility in the resultinglP paclets. If the paclet sizeis small, the multiplexing
headeiis relatively large andthe proportionof transportediserdatais small. If the pacletsizeis large,the
coeficient of variationof theresultinglP paclet streamis relatively high, leadingto lower link utilization
dueto higherwaiting timesat the spacer
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Figure9: TheoptimumCSdatapacletlength

The reasonfor the reducedvariancein IP-paclet sizelies in the geometricinterarrival time of the CS
datapaclets. Shortpacletsevoke a high arrival ratereducingthe varianceof the distribution. This makes
sensén therealworld, too, sinceevery IP packet hasa paclet of eachconnectionf the pacletsizeis only
4 bytesandthe multiplexing timer is 5 msec.Thenthe paclet sizeis deterministicandhasa coeficient of
variationof 0 whichis thelimit in Figure9, too. Thisis not aneffect of the discretenatureandthe extreme
rangefor thegeometricdistribution. The samephenomenoiis obtainedfor its continuougime equivalent,
theexponentialdistribution, too. The coeficient of variationfor the numberof pacletarrivalsin aninterval
of lengtht is ¢cyqr = \/% [19] where) is the paclet arrival rate. For a paclet sizeof 5 bytes,the arrival

rateis A =112.5msec! andtheinterval lengthis the valuefor the multiplexing timer t=0.5 msec. This
resultsin a coeficient of variationof 0.13.

3.1.3 Impact of the Voice Proportion

In arealworld applicationthereis a mixture of voicetraffic andCSdatatraffic. Therefore|t is of interest
to know the systembehavior dependingon the ratio of the differenttraffic types. A voice proportionof

p meansthat p of the total userdataoriginatesfrom voice traffic. Figure 10 shavs thatto computethe
critical loadfor a certainvoice proportion,the critical load for the CS dataandvoice carryingsystemsan
be almostlinearly interpolated.For a CS datapaclet size of 40 bytes,the voice proportionhashardly any

impact. If the CS datapacletlengthis very large, the overall performancef the systemdegradesrapidly

with increasingCS dataproportion. A meango alleviatethis is to relaxthe delayrequiremenfor CSdata
andcarrythemwith lower priority.
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Figure 10: Critical load depend®n voice proportionandCS datapaclet length.

3.1.4 Optimum Valuefor the Multiplexing Timer for CS data

In [11] wasshawn thatthe varianceof IP-paclet sizeshasaninfluenceon the optimumvalueof the multi-
plexing timer. If this varianceis higher, sois alsothe varianceof the spacingtime. Then,the quantilefor
the delaybudgetis alsohigherandso the multiplexing timer hasto be shorterto meetthe QoS criterion.
Sincethe CS datapaclet size alsoimpactsthe coeficient of variationof the IP-paclet size, the optimum
timervaluedepend®nit, too. In addition,thefactthatsmallerCSdatapaclet sizesinducemoreoverhead
alsoplaysarole. Figure 11 shavs thatthe optimumtimer for 40 byte CS datapacletsis about0.5 msec,
which is the sameasfor voice traffic. For small paclet sizes,the timer shouldbe large, for large paclet
sizesvice versa.A timervalueof 0.5 msecseemgo be agoodcompromisdor all pacletsizes.

3.2 Leaky Bucket Traffic Contracts

Sinceno spacings performed,only the multiplexing time contributesto the realtimepacket waiting time.
ThedelaybudgetQoScriterion canalwaysbe metif the multiplexing timer is setto the valueof the delay
budget(1 msec). That means that twice as mary pacletscanbe multiplexed making multiplexing even
more effective, especiallyat lower bandwidth. The bucket sizeis the amountof transfercapacitythatcan
betemporarilyborrovedfrom thenetwork. Fromthenetwork pointof view, thisis costlyandconsequently
larger bucket size parametersnustbe billed higher Therefore the bucket size aswell asthe bandwidth
needto be minimizedto realizea cost-efective datatransmission.

3.2.1 Control Function of the Bucket SizeParameter

A givenbandwidth,say8 Mbps,canbe exploitedto a differentextentdependingn the bucket sizeparam-
eter Corversely to obtaina certainlink utilization by userdata,a differentbucket size canbe set. The
requiredbucket size dependsheavily on the bandwidth: At higher bandwidth,more connectionscanbe
supportedand within the multiplexing time T'CU morerealtimepaclkets are collectedinto an IP-paclet.
This hasto be accommodateih thevirtual spacer Therefore the notion of the normalizedbucket sizeis
introducedwhichis the bucketsizedivided by the bandwidth.It denotegshe maximumdelaythatwould be
causedy aspacer

A highercritical load requiresa largerbucket size. The factthatthe normalizedbucket sizeis smaller
for higherbandwidthis dueto the economyof scalefor leaky bucket contracts(Figure 12). The overall
link utilization p is higherfor smallbandwidthsincemore overheads carriedto yield the sameuserdata
utilization. Economyof scalemakesa higherlink exploitation possiblewhile usingatolerablenormalized
bucketsize.
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Figurell: Theoptimummultiplexing timer depend®n the CSdatapacletsize.

3.2.2 The Tradeoff betweenBandwidth and Bucket Size

Sofar, theconsiderationsvereof moregenerahature.Now, thesupporiof 250,500,and7500veranetwork

with leaky bucket traffic contractis considered.Figure 13 shows the tradeof betweenbandwidthandthe
requiredbucket size. At a higherbandwidtha smallerbucket sizeis requiredto carry the sameamountof

traffic. Keepingthe amountof traffic fixed, the network is lessloadedat higherbandwidthand,therefore,
the ueuein thevirtual spaceis shorter The bucket sizecannot fall below a certainthresholdthatis 920,
1344,and1716,respectiely. At thosepoints,thelP-pacletsizedistribution hasa quantileof 10~8 whichis

theminimumlossprobability. If thebucketsizewassmaller the probabilityto discardaniP-pacletin spite
of anemptyvirtual spacewould exceed10—%. With multiplexing anda leaky bucket traffic contract,250
connectionganbe supportedy a bandwidthof 3 Mbps while for tunnelingandpeakrate spacingmore
than10 Mbps areneeded.The tradeof betweerbandwidthandbucket size givesmultiple possibilitiesto

dimensiorparameter$or aleasedine. Whentariffs comeinto play, theleastcostparametersanbefound

usinga costfunctionthatmusttake bothbandwidthandbucket sizeinto account.

3.2.3 Optimum Packet Sizefor CS Data

We choosea link of 8 Mbps and setthe bucket size parametetto 1600 bytes. The optimum paclet size
maximizesthelink utilization in this givenscenario.Thereasorfor thatphenomenotis againthe tradeof
betweenoverheadandvarianceagain. As for peakrate spacing,the bestpaclet lengthfor CS datais 16
bytes.But notethatthecurvein Figure14is differentfrom theonein Figure9. Theheadeoverheadshovs
evenaminimumat 60 bytesCSdatapacletlength.Ontheoneside,theoverheadeduceswith largerpaclet
sizessincelessmultiplexing headerseedto be carriedbut on the otherside, the critical load shrinksand
lessdatacanbetransmittedj.e., lessdatacansharethefixed IP/UDP/RTP protocoloverhead.

3.2.4 The Impact of the VoiceProportion

As before,the bandwidthis setto 8 Mbps andthe bucket sizeto 1600bytes. The influenceof the voice
proportionof thetraffic is similar to the onewith peakratespacing.Thecritical loaddecreasesr increases
almostlinearly with increasingroiceproportiondependingnthe CSdatapacletsize.For aCSdatapaclet
sizeof 32 bytes,thevoice proportionhashardlyarny effectonthecritical load of the system.

4 Conclusion

We established modelfor the transmissiorof compressedoice samplesand64 kbpsCS datain UMTS
usingRTP multiplexing andshoveddifferentperformancedradeofs illustratedby analyticalresults.
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Multiplexing voice dataincreaseshe utilization of the network for userdataconsiderably However,
it is crucialto have the CID valuein the multiplexing protocollarge enough.If circuit switcheddataare
sentoverthesamenetwork, their pacletsizehighly influenceson the performancef the system Hence to
optimizethedatatransporin thewireline partof UMTS, thedefinitionof the circuit switcheddataservices
musttake theinfluenceof differentpaclet sizesinto account.

For asystenthatappliespeakratespacing the performancenf a multiplexing systemcanbe optimized
by settinganappropriatevaluefor the multiplexing timer. A network contractrequiringaleaky bucketsize
description

Having aVBR traffic contractpolicing usingleaky bucket parameterss performedat theingressof the
network. With VBR, thebookedbandwidthcanbebetterexploitedandeconomyof scalefor thebucketsize
is obsened with increasingbandwidth. The dimensioningof leaky bucket parametergor a multiplexing
systemshaws a tradeof betweerbandwidthandleaky bucket size. This canbeusedto minimizetransmis-
sioncosts.The optimumCS datapacletlengthis the sameasfor CBR andfor a paclet sizeof 40 bytesthe
voice proportionin the offeredload doesnot matter

Furtherwork will investigatehetransportof voice andCS datawith differentpriorities assuminghat
CSdatahasarelaxedrequiremenbn pacletdelay
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