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Abstract

For thetransmissionof voicetraffic in IP-networksthecommonlyusedprotocolsuitefor realtimedata
transferin IP-networksleadsto avery largeprotocoloverheadfor voicedataandapoorutilization of the
bandwidthfor userdata.Multiplexing severalflowsonarouteinto oneIP packetovercomesthisproblem.
In thefutureUMTS, realtimetraffic likevoiceandcircuit switcheddataaretransportedover thesamenet-
work in thewireline partof theUMTS terrestrialaccessnetwork. Thefollowing investigationshows the
performancetradeoffs of multiplexing in two differenttypesof quality of serviceenhancedIP-networks.
The analyticalresultstake into accountboth voice andcircuit switcheddata. Variousmultiplexing and
tunnelingschemesarecompared.

Keywords: IP, RTP, Multiplexing, UMTS, CAC, QoS,VoIP, AAL-2

1 Intr oduction

Thesuccessof the InternetProtocol(IP) hasstartedthe discussionin thestandardizationbodyof the 3rd
generationof mobile communicationsystems(3GPP)to introduceIP as the transporttechnologyin the
wireline partof futuremobilecellularcommunicationsystems[1]. Characteristicsof realtimedatatraffic
like compressedvoiceor 64 kbpscircuit switched(CS)dataarethestrict quality of service(QoS)require-
mentsthey have, i.e.,upperboundson packet lossanddelay. At themoment,bothareproblematicwith IP
technology.

A UserDatagramProtocol(UDP) headeris mandatoryto carry informationover IP networksandfor
voice dataan additionalRealtimeTransmissionProtocol(RTP) headeris commonlyused. Compressed
voicesamplescomein small-sizedpacketsandsotunneling,i.e., carryinga singlevoicesamplein oneIP
packet yields a low bandwidthexploitation dueto headeroverhead.This canbe overcomeby multiplex-
ing several voice samplesinto the payloadof a singleRTP/UDP/IPpacket. A timer is usedto limit the
multiplexing delay. Therefore,the RTP multiplexing scheme[2] was recentlydiscussedby the Internet
EngineeringTaskForce(IETF). A problemof similar natureoccursin ATM networks and is solved by
usingthe ATM AdaptationLayer 2 (AAL-2) for multiplexing. This hasbeenthoroughlyinvestigatedin
[3, 4, 5, 6, 7].

Sofar, theInternetiswithoutrealtimecapabilities,however, IP is currentlybeingenhancedwith realtime
enablingtechniqueslike DifferentiatedServices(Dif fServ) [8] or IntegratedServices(IntServ) [9, 10].
Dif fServ is discussedwith only peakrate informatione.g. to realizea virtual leasedline. If the traffic
contractis not met for an IP packet, it might be droppedby the network, andtherefore,a spacershould
delay the packets to achieve peakrateconformance.IntServ requiresa leaky bucket descriptionfor the
traffic contractandto avoid lossesby thepolicingunit, thebucketsizemustbeproperlyset.

In a transmissionsystemwith RTP multiplexing andsubsequentspacingor policing, parameterslike
the multiplexing timer value,the spacerbuffer sizeor leaky bucket sizehave to be setproperly in order
to maximizethe numberof supportablecustomersfor which the QoS characteristicsare met. Then, a
connectionadmissioncontrol(CAC) mustsheltertheusersin thesystemfrom overload.

In this paperRTP multiplexing in QoS-IP-networks is investigated.Casestudiesaremadeto set the
systemparametersin orderto maximizetheperformance.In Section2 we developa modelfor the trans-
missionof compressedvoice andCS datatraffic. Performancemeasuresfrom this modelarederived in
[11]. In Section3, numericalresultsshow theperformanceof tunnelingandmultiplexing systemundervar-
iouscircumstances.Systemswith peakrateshapingaswell aswith leaky bucket policing areconsidered.
Finally, Section5 concludesthepaper.
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2 Models for Wir elessData Transmission

Traffic originating from a cellular mobile communicationsystemmust be carriedover a wired network
to its destination.Voice dataaresmall, therefore,tunnelingcauseshigh headeroverheadin IP-networks.
Multiplexing severalconnectionsmakesthecommunicationmoreefficient. VoiceandCSdataarerealtime
applicationsandrequirerealtimeguaranteesfrom the wired network part. Either peakratespacingor a
leaky bucket traffic contractcan be used. Using the first one,bursty traffic must be delayed,using the
secondone,a leaky bucketparameterhasto bedeclaredin additionto theneededbandwidth.

2.1 SourceModel

In today’scellularmobilecommunicationsystemsaswell asin thefutureUniversalMobile Telecommuni-
cationsSystem(UMTS) (Figure1), voiceandCSdatatraffic originatingat a mobilehandsetis transmitted
over theradiointerfaceto a basestation(NodeB).It is transportedon a wired network over thedrift radio
network controller(D-RNC), theservingradionetwork controller(S-RNC),andtheUMTS mobileswitch-
ing center(UMSC) into the corenetwork andfrom thereeitherinto theUMTS terrestrialaccessnetwork
(UTRAN) or into thepublic switchedtelephonenetwork of its peer. Thewired network might consistof a
virtual privatenetwork (VPN) or leasedlines.
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Figure1: A soft-handoverin UMTS

2.1.1 SourceModel for Voice

In UMTS an audiohandsettransmitsvoice samplesperiodicallyevery 20 msec. Thus, the voice arrival
processis fully characterizedby a singletime frameof ôöõø÷úùüû msec. The probability that a senderis
associatedwith anarbitraryinstantwithin thatinterval is uniformly distributed.This entailsanexponential
distributionof theinterarrival time ý of consecutivevoicesamplesif theperiodictimestructureis not taken
into account.However, accordingto [12], themaximumalloweddelaybudgetfor multiplexing andsending
is 1 msec.Thatvalueis still in discussion.It is only þÿ�� of theframeperiod,sothattheperiodicalstructureof
thearrival processis notsupposedto havegreatinfluenceon theperformance,especiallyin thepresenceof
many users.Thediscretenatureof digital communicationsystemsproposesthegeometricdistribution– the
discretetime counterpartof theexponentialdistribution – to modelthe interarrival timesof consecutively
arriving voicesamples.

In theconsideredwirelessnetwork anadaptivemulti-rate(AMR) vocoderis used.Duringanoff-phase
of a conversationthe information can be bettercompressedthan during an on-phaseresultingin voice
samplesof differentsize.Therefore,asampletraceof a singlevocoderis clearlypositively correlated.

With the argumentfrom above – the delaybudgetis small comparedto the periodicstructureof the
arrival process– for superpositionof severalusersthesizesof consecutively arriving voicesamplescanbe
assumedto besufficiently uncorrelated.We usea typical 3-modaldistribution of theoutputsamplesize

�
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( �����	��
 ������ ) from an AMR vocoderappliedto voice traces.We modelthevoice samplesize � by an
independentandidenticallydistributed(iid) randomvariableaccordingto thegivenhistogram.

2.1.2 SourceModel for 64 kbps Cir cuit SwitchedData

A typical applicationof the CS dataserviceis a videophoneconferencing,i.e. peerscommunicateusing
realtimevoiceandvideo.A datastreamof 64kbpsCSdatameansonebyteis sentevery125 � sec,however,
datawill becarriedin packetsthatareassembledduringa frameof length ����� . With thesamearguments
from above, the interarrival time for � CS datauserscanbe modeledby a geometricdistribution with a
meanof ������ andaconstantpacketsizeof

� ��� "!$#&%
sec bytes.

2.2 Data Transfer ProtocolAlter nativesin IP-Networks

Realtimedatapacketsmustbe carriedbetweenthe differentnetwork entitiesin UMTS. In principle, any
kind of protocolcouldbeused,but thesuccessof theInternetProtocolin thepastoffersitself asatransmis-
siontechnology.

2.2.1 Tunneling RealtimeData
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Figure2: Theprotocolsuitefor tunnelingandmultiplexing realtimedata.

Carrying a single realtimepacket in an IP packet is called tunneling. When a realtimedatapacket
is tunneledin the Internet,usually, the RTP/UDP/IPprotocolsuite is used. In the new versionof the IP
protocol,the headerhas40 bytesandcarriesinformationaboutthe sourceanddestinationmachine.The
new version(IPv6) [13] of theIP protocolwill benecessaryin thefuturewhenall communicationdevices
needto be equippedwith an IP address.The UDP headeris 8 bytesin sizeandqualifiesthe destination
port [14]. The RTP headerhas12 bytesandcarriesinformationslike a timestampor a sequencenumber
[15]. As mentionedbefore,theaveragevoicepacket sizeis not even19 bytes. More than300%protocol
overheadis carriedby thenetwork resultingin a low bandwidthexploitationby userdata.

2.2.2 Multiplexing RealtimeData

Multiplexing is a meansto reducetheoverheadcausedby the RTP/UDP/IPprotocolsuite(Figure2). An
Internetdraft [2] proposesto carry several realtimepacketsin a singleRTP-packet. Only a 2 byte mul-
tiplexing headeris usedto carry a 1 byte connectionidentifier (CID) and the realtimepacket length to
delimit the multiplexed datapackets. Multiplexing meansmappingdifferentrealtimeconnectionsto the
samedestinationIP addressandport differentiatingthemby the CID (Figure3). The multiplexing pro-
cessmustbe limited by a timer to avoid unacceptabledelaysfor realtimedata. Therefore,the timestamp
of theRTP-packet approximatestheonesof thecarriedrealtimepackets. Demultiplexing reconstructsthe
differentrealtimedatastreams.Whendemultiplexing andmultiplexing is appliedat once,e.g. to routethe
traffic in theUMSC or in thecore,we cantalk aboutRTP switching.We denotethemultiplexing protocol
describedaboveby Mux-2-12sinceit has2 bytesmultiplexing headerand12 bytesRTP header. However,
if theoriginalRTP informationis needed,thereis anMux-13-12option.Onebytefor theCID valuemight
not beenough,sothatwe will alsoconsidera Mux-3-12versionthatallows morerealtimeconnectionsto
bemultiplexed.If noRTP informationis needed,Mux-3-0canbeused.

Anothermeansto getrid of thelargeprotocoloverheadis headercompression[16, 17] like theonethat
hasto beappliede.g.on theair interface.However, this approachworksonly on a link-by-link basissince
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Figure3: RTP switchingperformsdemultiplexing andmultiplexing simultaneously.

the outputof a headercompressionis not an IP-packet any more. A multiplexedpacket in contrastis an
ordinaryIP-packet andcanbe transparentlyroutedthroughthe Internet(Figure4). This is an important
feature,whenthetraffic hasto becarriedover thenetwork of a differentISP.
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Figure4: Thedifferencebetweenheadercompressionandmultiplexing.

2.3 RealtimeTransfer Traffic Contracts

Whenthe IP packet is filled, it is sentthrougha realtimenetwork. Realtimetransportationrequiresthe
network to dedicateenoughbandwidthto theflow. To realizethatefficiently, therealtimeflow hasto declare
his traffic parameters.In return,theaccessmustbecontrolledto sheltertheQoSfrom an– intentionallyor
not– misbehavedsource,i.e., thepolicingunit of thenetwork discardspacketsviolatingthetraffic contract.

In ATM, the ConstantBit Rateclass[18] is commonlyusedanda peakratemustnot be exceeded.
For IntegratedServices’[9] GuaranteedQuality of Serviceclass[10] thedatastreammustbeleaky bucket
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conformwhich is avariablebitratecontract.WhetherDifferentiatedServices[8] will supporthardrealtime
constraintsis notclearyet. Sincepeakratespacingandleaky bucketcharacterizationaretwo basicoptions,
wewill investigatebothof them.

2.3.1 PeakRate Spacing

Whena traffic contractrequiresonly a peakrate,it mustnever beexceeded.If a packet is foundto benot
conformto the traffic contractat thenetwork boundariesof a differentserviceprovider, thepolicereither
discardsit immediatelyat the ingressor the packet will be marked anddroppedlater insidethe network
if congestionoccurs. Therefore,packetsmust be spaced,i.e., deferreduntil the traffic contractis met.
Spacingintroducesadditionaldelaywhichmight havea considerableimpacton theoverallperformanceof
thesystem.

Thespacerthatwe considerworksasfollows. It hasa bytecounterë thatshows thevirtual occupancy
of its queue. It is decreasedlinearly by the link rate ì over time but doesnot fall shortof zero. When
anIP packet of size í arrives,it is acceptedif thecounterë plus thenew packet’s sizedo not exceedthe
queuelimit ë;îðïòñ . In this casethepacketwill besentafter óô timeandthecounteris increasedby í bytes.
Otherwise,theIP packet is discarded.
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Figure5: Multiplexing with subsequentspacing

Figure5 summarizesthemodelfor multiplexing realtimedatawith subsequentspacing.Datapackets
arrive with geometricallydistributedinterarrival times Ô . Their size í follows a given histogram.Then
they are multiplexed using the RTP/UDP/IPprotocol accordingto the value for the multiplexing timerÕ ì×Ö . TheresultingIP packetsaretreatedaccordingto thespecificationof theabovedescribedspacer. The
waiting time ØÚÙÜÛÞÝàß is thesumof themultiplexing time Û andthespacingtime ß which is a kind
of queuingtime.

2.3.2 Leaky Bucket Traffic Contract

Anotherpossibility is to describethe IP streamby the leaky bucket parameterstransmissionrate ì and
bucketsize ë;îðïòñ .

A leaky bucket traffic contractallowsthesourceto senddatastreamsthatsometimesexceedthebooked
bandwidth.Thevariationis controlledby a leaky bucketpolicerat theingressof theIP-network to protect
it from illegaloverload.A leaky bucketpolicercanbeseenasavirtual spacerthatdoesn’t delaythepackets
but discardsthemif thespacercounterexceedsthespacersizewhich is now calledthebucket size.Using
a leaky bucket traffic contract,the IP packetscanbe sentimmediately, hence,thereis only multiplexing
delay. To avoid losses,theleaky bucket sizemustbesetlargeenough,but to save transmissioncostsit has
to beminimized.
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2.4 QoSCriteria and PerformanceMeasures

We definethelossprobabilityof at most áãâ7äFå a QoScriterionfor a realtimepacket. Accordingto [12] the
delaymustnot belargerthan æèçéá msec.Sincethis is very restrictive,we definea secondQoScriterion:
the probability of a voice samplewaiting longerthanthe delaybudgetmustbe at most á%â äaê (Figure6).
Thesearetheconstraintsfor all datacomputedin thefollowing section.
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Figure6: Thequantileof thewaiting time

Thenetuserdatabandwidthis denotedby Y[Zõç]\�^`_ acbd b where \�^ is thenumberof voiceusers,ef^
themeanvoicesamplesize,and gh^ theframelengthfor voicein UMTS. This canbeextendedto CSdata
anda mixtureof voiceandCSdata.

Theofferedload i�Z çkjmlj is thefractionof thenetuserdatabandwidthY[Z dividedby thelink bandwidthY . Theoverall link utilization i is thencomputedby i Z _on áqpsr,tvu where r,t is theresultingvoicesample
overhead.Thenumberof supportablecallscanbecomputedby \ ^ çxw l1y jzy d ba b , again,this formulacanbe
generalizedfor any mix of voiceandCSdata.

3 Results

Thenumericalresultspresentedin this sectionaregainedfrom ananalysisderivedin [11]. Thesystemis
describedin discreteunits. Thespacercounter { andthepacket size e aremeasuredin byteswhile time
is measuredin discretizedtime units(TU). For theinterarrival time of consecutively arriving realtimedata
packetsthegeometricdistribution seemsto beappropriatefor thevoice transmissionmodelon theaccess

link. It canbe scaledby | ç aC y w . Thecoefficient of variationis } ^�~�� ç � �
äc�� . If | is closeto 1, i.e.,

therearemany arrivals in thesystem,it is heavily loadedor the packetsarevery small, the coefficient of
variationis closeto zero,otherwiseit is boundedby 1.

In the following, performancestudiesareperformedboth for peakratespacingandleaky bucket traf-
fic contracts. The transmissionof voice andCS datais investigatedand tunnelingis comparedwith its
multiplexing alternatives.

3.1 PeakRate Spacing

As mentionedbefore,a traffic contractthat comprisesonly the peakraterequiresthe sourceto spacethe
datastreamto preventuncontrolledlossesat the ingressof the carryingQoS-IP-network dueto policing.
Themultiplexing timeandthespacingtimecontributebothto therealtimepacketwaiting time. If thedelay
budgetQoScriterioncanbemet,thelosscriterioncanalsobefulfilled justby having a largeenoughspacer
buffer. Hence,thelimiting factorfor thecritical loadis therealtimepacketwaiting time.

3.1.1 Comparisonof Various Multiplexing and Tunneling Techniques

In this scenarioonly voice datais assumedandthe multiplexing timer is setto 0.5 msec. At higher link
ratesmoreconnectionsmustbeactiveto reachthecritical load.Dueto theeconomyof scale,thebandwidth
canbebetterexploitedwithoutviolatingtheQoSrequirementsof thedata.In addition,athigherbandwidth
morevoice samplescanbe multiplexed into an IP-packet, which reducesthe headeroverhead,while the
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for tunnelingprotocolsthe headeroverheadremainsconstant(Figure7). So, the proportionof userdata
transportedon thelink is higherfor multiplexing protocols.

The sizeof the IP/UDP/RTP protocolfor multiplexing doesnot really matter, the overheadfor Mux-
3-12andMux-3-0 hardlydifferswhile thesizeof themultiplexing headeris crucial: Mux-13-12shows a
substantiallyhigheroverhead.
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Figure7: Multiplexing decreasestheprotocoloverhead.

For themultiplexingprotocolwith only onebytereservedfor theCID value(Mux-2-12)andÔ customers
in thesystem,ÔÖÕØ×xÙ`ÚÛÝÜ�Þ,ß RTP connectionsmustbeopenedandspacedon a commonflow basis.To take
thatinto account,we multiply theRTP/UDP/IPheadersizeby ÔÖÕ . The2 byteCID alternativeoutperforms
the1 byteCID versionatabandwidthof morethan4 Mbps.Therefore,Mux-3-12is usedfor thefollowing
studies.
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Figure8: Multiplexing allowshigherlink utilizationby userdata.

Although the overall link utilization is fairly similar for all testedprotocols,the link utilization by
userdatadiffers substatiallyaccordingto the proportionof userdatain a sentIP-packet (Figure8). At
16 Mbpsthe light weightmultiplexing protocols(Mux-2-12,Mux-3-12,andMux-3-0) clearlyoutperform
tunneling: the tunnelingoverheadis 13 times larger and,therefore,the link exploitation for userdatais
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260%higher . In otherwords, to carry 450 voice calls, 16 Mbps areneededfor RTP/UDP/IPtunneling
while for multiplexing (Mux-3-12)6 Mbpsareneeded.

3.1.2 Optimum Packet Sizefor CS Data

In this scenarioonly CSdatatraffic is assumed,thebandwidthis 8 Mbpsandthetimer valueis setto 0.5
msec.A CSdatasourcehasa bandwidthof 64 kbps,i.e. 1 byteper125 @ sec.Theoptimumpacket sizeis
about16bytesfor thetransportationin thefixednetwork partof UMTS, howevervaluesfrom 8 to 50bytes
yield alsogoodlink utilizationsby userdata(Figure9). Theexistenceof anoptimumis dueto a tradeoff
betweenoverheadandvariablility in the resultingIP packets. If thepacket sizeis small, themultiplexing
headeris relatively largeandtheproportionof transporteduserdatais small. If thepacketsizeis large,the
coefficient of variationof theresultingIP packet streamis relatively high, leadingto lower link utilization
dueto higherwaiting timesat thespacer.
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Figure9: TheoptimumCSdatapacket length

The reasonfor the reducedvariancein IP-packet sizelies in the geometricinterarrival time of the CS
datapackets.Shortpacketsevoke a high arrival ratereducingthevarianceof thedistribution. This makes
sensein therealworld, too,sinceevery IP packethasa packetof eachconnectionif thepacketsizeis only
4 bytesandthemultiplexing timer is 5 msec.Thenthepacket sizeis deterministicandhasa coefficientof
variationof 0 which is thelimit in Figure9, too. This is not aneffectof thediscretenatureandtheextreme
rangefor thegeometricdistribution. Thesamephenomenonis obtainedfor its continuoustime equivalent,
theexponentialdistribution,too. Thecoefficientof variationfor thenumberof packetarrivalsin aninterval
of length Ö is ×ÙØÙÚÙÛÝÜ Þß àâá ã [19] where ä is thepacket arrival rate. For a packet sizeof å bytes,thearrival

rateis äæÜ 112.5msecç Þ andthe interval lengthis the valuefor themultiplexing timer Ö =0.5 msec.This
resultsin acoefficientof variationof 0.13.

3.1.3 Impact of the VoiceProportion

In a realworld applicationthereis a mixtureof voicetraffic andCSdatatraffic. Therefore,it is of interest
to know the systembehavior dependingon the ratio of the different traffic types. A voice proportionofè meansthat è of the total userdataoriginatesfrom voice traffic. Figure10 shows that to computethe
critical loadfor a certainvoiceproportion,thecritical loadfor theCSdataandvoicecarryingsystemscan
bealmostlinearly interpolated.For a CSdatapacket sizeof 40 bytes,thevoiceproportionhashardlyany
impact. If theCSdatapacket lengthis very large,theoverall performanceof thesystemdegradesrapidly
with increasingCSdataproportion.A meansto alleviatethis is to relaxthedelayrequirementfor CSdata
andcarrythemwith lowerpriority.
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Figure10: Critical loaddependson voiceproportionandCSdatapacket length.

3.1.4 Optimum Value for the Multiplexing Timer for CS data

In [11] wasshown thatthevarianceof IP-packetsizeshasaninfluenceon theoptimumvalueof themulti-
plexing timer. If this varianceis higher, so is alsothevarianceof thespacingtime. Then,thequantilefor
the delaybudgetis alsohigherandso the multiplexing timer hasto be shorterto meetthe QoScriterion.
Sincethe CS datapacket sizealsoimpactsthe coefficient of variationof the IP-packet size,the optimum
timervaluedependson it, too. In addition,thefactthatsmallerCSdatapacketsizesinducemoreoverhead
alsoplaysa role. Figure11 shows that theoptimumtimer for 40 byteCSdatapacketsis about0.5 msec,
which is the sameasfor voice traffic. For small packet sizes,the timer shouldbe large, for large packet
sizesviceversa.A timervalueof 0.5msecseemsto beagoodcompromisefor all packetsizes.

3.2 Leaky Bucket Traffic Contracts

Sinceno spacingis performed,only themultiplexing time contributesto therealtimepacket waiting time.
ThedelaybudgetQoScriterioncanalwaysbemet if themultiplexing timer is setto thevalueof thedelay
budget(1 msec). That means,that twice asmany packetscanbe multiplexed makingmultiplexing even
moreeffective,especiallyat lower bandwidth.Thebucket sizeis theamountof transfercapacitythatcan
betemporarilyborrowedfrom thenetwork. Fromthenetwork pointof view, this is costlyandconsequently
larger bucket sizeparametersmustbe billed higher. Therefore,the bucket sizeaswell asthe bandwidth
needto beminimizedto realizea cost-effectivedatatransmission.

3.2.1 Control Function of the Bucket SizeParameter

A givenbandwidth,say8 Mbps,canbeexploitedto a differentextentdependingon thebucketsizeparam-
eter. Conversely, to obtaina certainlink utilization by userdata,a differentbucket sizecanbe set. The
requiredbucket sizedependsheavily on the bandwidth: At higherbandwidth,moreconnectionscanbe
supportedandwithin the multiplexing time @BADC morerealtimepacketsarecollectedinto an IP-packet.
This hasto beaccommodatedin thevirtual spacer. Therefore,thenotionof thenormalizedbucket sizeis
introducedwhich is thebucketsizedividedby thebandwidth.It denotesthemaximumdelaythatwouldbe
causedby a spacer.

A highercritical loadrequiresa largerbucket size. Thefact that thenormalizedbucket sizeis smaller
for higherbandwidthis dueto the economyof scalefor leaky bucket contracts(Figure12). The overall
link utilization E is higherfor smallbandwidthsincemoreoverheadis carriedto yield thesameuserdata
utilization. Economyof scalemakesa higherlink exploitationpossiblewhile usinga tolerablenormalized
bucketsize.
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Figure11: Theoptimummultiplexing timerdependson theCSdatapacketsize.

3.2.2 The Tradeoff betweenBandwidth and Bucket Size

Sofar, theconsiderationswereof moregeneralnature.Now, thesupportof 250,500,and750overanetwork
with leaky bucket traffic contractis considered.Figure13 shows the tradeoff betweenbandwidthandthe
requiredbucket size. At a higherbandwidtha smallerbucket sizeis requiredto carry thesameamountof
traffic. Keepingtheamountof traffic fixed,thenetwork is lessloadedat higherbandwidthand,therefore,
theq̈ueuein thevirtual spacer̈is shorter. Thebucket sizecannot fall below a certainthresholdthat is 920,
1344,and1716,respectively. At thosepoints,theIP-packetsizedistributionhasaquantileof «¬¯®±° whichis
theminimumlossprobability. If thebucketsizewassmaller, theprobabilityto discardanIP-packet in spite
of anemptyvirtual spacerwould exceed «²¬³®±° . With multiplexing anda leaky bucket traffic contract,250
connectionscanbesupportedby a bandwidthof 3 Mbpswhile for tunnelingandpeakratespacing,more
than10 Mbpsareneeded.Thetradeoff betweenbandwidthandbucket sizegivesmultiple possibilitiesto
dimensionparametersfor a leasedline. Whentariffs comeinto play, theleastcostparameterscanbefound
usinga costfunctionthatmusttakebothbandwidthandbucketsizeinto account.

3.2.3 Optimum Packet Sizefor CS Data

We choosea link of 8 Mbps andset the bucket sizeparameterto 1600bytes. The optimumpacket size
maximizesthelink utilization in this givenscenario.Thereasonfor thatphenomenonis againthetradeoff
betweenoverheadandvarianceagain. As for peakratespacing,the bestpacket lengthfor CS datais 16
bytes.But notethatthecurvein Figure14 is differentfrom theonein Figure9. Theheaderoverheadshows
evenaminimumat60bytesCSdatapacketlength.Ontheoneside,theoverheadreduceswith largerpacket
sizessincelessmultiplexing headersneedto becarriedbut on theotherside,thecritical loadshrinksand
lessdatacanbetransmitted,i.e., lessdatacansharethefixedIP/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 theonewith peakratespacing.Thecritical loaddecreasesor increases
almostlinearlywith increasingvoiceproportiondependingontheCSdatapacketsize.For aCSdatapacket
sizeof 32bytes,thevoiceproportionhashardlyany effecton thecritical loadof thesystem.

4 Conclusion

We establisheda modelfor the transmissionof compressedvoicesamplesand64 kbpsCSdatain UMTS
usingRTP multiplexing andshoweddifferentperformancetradeoffs illustratedby analyticalresults.
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Figure12: Thenormalizedbucketsizedependson critical loadandbandwidth.
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Figure13: Thetradeoff betweenbandwidthandbucketsize

Multiplexing voice dataincreasesthe utilization of the network for userdataconsiderably. However,
it is crucial to have the CID valuein the multiplexing protocollarge enough.If circuit switcheddataare
sentoverthesamenetwork, theirpacketsizehighly influencesontheperformanceof thesystem.Hence,to
optimizethedatatransportin thewirelinepartof UMTS, thedefinitionof thecircuit switcheddataservices
musttake theinfluenceof differentpacketsizesinto account.

For asystemthatappliespeakratespacing,theperformanceof amultiplexing systemcanbeoptimized
by settinganappropriatevaluefor themultiplexing timer. A network contractrequiringa leaky bucketsize
description

Having aVBR traffic contract,policingusingleaky bucketparametersis performedat theingressof the
network. With VBR, thebookedbandwidthcanbebetterexploitedandeconomyof scalefor thebucketsize
is observedwith increasingbandwidth. The dimensioningof leaky bucket parametersfor a multiplexing
systemshowsa tradeoff betweenbandwidthandleaky bucketsize.This canbeusedto minimizetransmis-
sioncosts.TheoptimumCSdatapacket lengthis thesameasfor CBRandfor apacketsizeof 40bytesthe
voiceproportionin theofferedloaddoesnotmatter.

Furtherwork will investigatethetransportof voiceandCSdatawith differentprioritiesassumingthat
CSdatahasarelaxedrequirementon packetdelay.
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Figure14: TheoptimumCSdatapacket length
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Figure15: Critical loaddependson voiceproportionandCSdatapacket length.
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