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Abstract
TheRTP/UDP/IPprotocolsuiteis in theprocessof beingstandardizedfor multiplexing real-
timeflows. It aimsatreducingheaderoverhead,therefore,it is aptfor transportingcompressed
voice in accesslinks or in the coreof mobilecommunicationnetworks. To provide realtime
quality of service,networksrequiretraffic parameterswhich canbemetusinga spacer.

In this paper, an analysisfor the RTP/UDP/IPmultiplexing schemeincluding spacingis
derived. Influenceson theperformanceof thesystemareinvestigated.An optimumvaluefor
themultiplexing timer is foundandtheeffectsof theloadonthesystemis shown. A numerical
comparisonof variousvoice datamultiplexing and tunnelingalternatives is presented.The
affinity to AAL-2 multiplexing in ATM is pointedout throughoutthepaperandthefundamen-
tal differenceswith respectto performanceareexplained.

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

1 Intr oduction

Thesuccessof theInternetProtocol(IP) hasstartedthediscussionin thestandardizationcom-
munity of the3rd generationof mobilecommunicationsystems(3GPP)to introduceIP asthe
transporttechnologyin thewireline partof futuremobilecellularcommunicationsystems[1].
Characteristicsof compressedrealtimevoice datatraffic arethe small-sizedpacketsandthe
strict quality of service(QoS)requirements,i.e.,upperboundson packet lossanddelay. Both
areproblematicwith IP technology.

A UserDatagramProtocol(UDP) headeris mandatoryto carry informationover IP net-
worksandfor voicedataanadditionalRealtimeTransmissionProtocol(RTP) headeris com-
monly used. Tunneling, i.e., carrying a single voice samplein one IP packet yields a low
bandwidthexploitationdueto headeroverhead.Thiscanbeovercomeby multiplexing several
voice samplesinto the payloadof a singleRTP/UDP/IPpacket. A timer is usedto limit the
multiplexing delay. Therefore,theRTP multiplexing scheme[2] wasrecentlydiscussedin the
InternetEngineeringTaskForce(IETF).

Sofar, theInternetis withoutrealtimecapabilities,however, IP is currentlybeingenhanced
with realtimeenablingtechniques.To obtainhardrealtimeguarantees,a flow hasto declare
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andto complywith sometraffic descriptors.Packetsthatarenot conformaredroppedby the
network unlessthey aredelayedby aspacer.

In a transmissionsystemwith RTP multiplexing andsubsequentspacingor policing, the
parameterslike multiplexing timer value,spacerbuffer sizeor leaky bucket parametershave
to be setproperly in order to maximizethe numberof supportablecalls for which the QoS
characteristicsaremet. A problemof similar natureoccursin ATM networks andis solved
by usingthe ATM AdaptationLayer 2 (AAL-2) for multiplexing. This hasbeenthoroughly
investigatedin [3, 4, 5, 6, 7].

In thispaperRTPmultiplexing is investigated.Casestudiesaremadeto setsystemparam-
etersin orderto maximizethe performance.In Section2 we developa modelfor the trans-
missionof wirelessvoice traffic over IP networksandexplain thefundamentaldifferencesto
AAL-2. In Section3, theanalysisis derivedandthenumericalresultsarepresentedin Section
4. Finally, Section5 concludesthepaper.

2 Model for Tunneling and Multiplexing Wir elessData

Traffic originating from a cellular mobile communicationsystemis either tunneledor mul-
tiplexed into IP packetsandundergoesa spacerbeforetransportationthrougha realtimeIP
network. In the following, we concentrateon voicedatato developa modelfor transmission
over IP technology.

2.1 SourceModel

In today’scellularmobilecommunicationsystems, voicedataoriginatingata mobilehandset
is transmittedover the radio interfaceto a basestation. It is transportedover a wired access
link to thecorenetwork andtakesthenthereverseorderto reachthedestinationhandset.We
aim atmodelingthetraffic occurringat theaccesslink.

In the UniversalMobile TelecommunicationsSystem(UMTS) a handsettransmitsvoice
samplesperiodicallyevery 20 msec.Thus,thearrival processis fully characterizedby a sin-
gle

�������
msectime frame. The probability that a senderis associatedwith an arbitrary

instantwithin thatinterval is evenlydistributed.This entailsanexponentialdistribution of the
interarrival time � of consecutivevoicesamplesif theperiodictimestructureis not takeninto
account.However, accordingto [8], themaximumalloweddelayis 1 msecwhichis only �	�
 of
theframeperiod,sothattheperiodicalstructureof thearrival processis not supposedto have
greatinfluenceon the performance,especiallyin the presenceof many users. The discrete
natureof digital communicationsystemsproposesthe geometricdistribution – the discrete
time counterpartof the negative-exponentialdistribution – to model the interarrival timesof
consecutively arriving voicesamples.

Table1: Packet lengthdistributionof 8k vocoder
PacketLength[bytes] 12 15 20 32
Probability 0.598 0.072 0.039 0.291

In theconsideredwirelessnetwork a variablebitratevocoderis used.During anoff-phase
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of a conversationtheinformationcanbebettercompressedthanduringanon-phaseresulting
in voice samplesof differentsize. Therefore,a sampletraceof a singlevocoderis clearly
positively correlated.But simulationshave shown that for superpositionof several usersthe
sizesof consecutively arriving voicesamplescanbeassumedto besufficiently uncorrelated.
Table1 showsatypicaldistributionof thesamplesize � gainedfrom anIS-96vocoderoutput
[3, 9] ( �������� ����� ). We modelthevoicesamplesize � by an independentlyandidentically
distributed(iid) randomvariableaccordingto thegivenhistogram.

2.2 Tunneling and Multiplexing

Carryingvery shortdatapacketsby tunnelingthroughan ATM or IP network yields a low
bandwidthexploitation due to protocol overhead. However, the causefor the overheadis
differentin bothsystems.

ATM’s cell payloadsizeeasilydoublesthe meansize � of a compressedvoice sample.
Hence,thereis unusedspacein the cell dueto the fixedcell lengthwhich represents����� �� �
������ !"����#� overhead.

TheIP packet sizeis variableandwastedpayloaddoesnot exist. However, theIP header
sizeis $&%(')+*�� bytesfor theold IP version4 [10] andeven40 bytesfor thenew IP version
6[11]. TheUDPheaderhas$-,/.0'12� bytes[12] andtheRTPheadercomprises$43657'1+�8*
bytes[13]. In thiswork weusetheold IP version4. Hence,theheaderoverheadfor voicedata
transmissionoverRTP amountsto 9;:=<?>@90A�BC<7>@9EDGF�<� � ������ !H*I���� .

Multiplexing canbeusedin bothcasesto reducetheoverhead.In ATM networks,thevoice
samplesareequippedwith a 3 bytesheaderandthentransmittedasa streamin theCPS-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, theoverheadcannot befurtherreduced.

In IP networks,thevoicesamplesaresuppliedwith a $&JLKNM�KOH* bytesmini header[2] and
multiplexedinto anRTP/UDP/IPpacket. Thedelaymustbecontrolledby a timer, too. This
multiplexing schemereducesthe fraction of the headersizewith respectto carriedpayload.
The overheadminimization is only limited by the maximumtransferunit of the underlying
transportmechanism– andby numberof 256 allowableusers. Note that only oneoctet is
reservedfor thechannelidentifier(CID) bothin AAL-2 asin RTP multiplexing.

If theofferedloadin ATM networksis sufficiently highsuchthatmostof thecellsarecom-
pletedbeforethetimer stopsmultiplexing, the timer hasnearlyno impact[3, 7]. In contrast,
theIP packetpayloadsizeis variableand,therefore,multiplexing is only limited by thetimer.
This is theessentialdifferenceto AAL-2 multiplexing.

2.3 IP RealtimeTransport Parameters

After an IP packet or anATM cell is filled by multiplexing, it is sentthrougha realtimenet-
work. Realtimetransportationrequiresthe network to dedicateenoughbandwidthto thede-
siredvirtual leasedline. In return,the accessmustbe controlledto shelterthe QoSfrom an
– intentionallyor not – misbehaved source. To achieve that aim, traffic parametersthat de-
scribethe flow arenecessaryto make appropriateresourcereservations. In ATM’s Constant
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Bit Rateclass[15] a peakcell ratemustnot beexceeded.For IntegratedServices’[16] Guar-
anteedQuality of Serviceclass[17] thedatastreammustbe leaky bucket conform. Whether
DifferentiatedServices[18] will supporthardrealtimeconstraintsis not clearyet.

If apacket is foundnot to beconformto thetraffic contractat thepolicerof thenetwork, it
will bediscardedeitherimmediatelyat theingressor will bemarkedanddroppedlaterwithin
the network if congestionoccurs. Therefore,packetsmustbe spaced,i.e., deferreduntil the
traffic contractis met. Spacingintroducesadditionaldelaywhich might have a considerable
impacton theoverallperformanceof thesystem.

Thespacerthatweconsiderworksasfollows. It hasabytecounterP thatshowsthevirtual
occupancy of its queue.It is decreasedlinearly by the link rate Q over time but doesnot fall
shortof zero.WhenanIP packetof size R arrives,it is acceptedif thecounterP plusthenew
packet’s sizedo not exceedthe queuelimit P6SUTWV . In this casethe counteris increasedby R
bytesandthepacketwill besentafter XY time. Otherwise,theIP packet is discarded.

3 Analysisof RTP Multiplexing

A simulationrun to obtainreliableprobabilitiesin the rangeof Z�[I\7] is very time consum-
ing, while the analysisto be derivedtakesabout2 minuteson a PentiumIII processor. This
illustratestheadvantageof theanalyticalapproachoversimulation.

In this section,a discrete-timeanalysisfor theRTP multiplexing modelis derived.First,a
discrete-timeMarkov modelof thesystemis setup to derive thestationarystatedistribution.
Basedon this the lossprobability, thewaiting time distribution, aswell astheaverageproto-
col overheadfor the voice samplesarecomputed.Adjusting the input parameters,the same
analysiscanbeappliedto (RTP/)UDP/IPtunneling.

For the sake of simplicity somenotationsare introducedregardingan arbitrary random
variablê :^ SL_N`/a ^ SUTWV minimumandmaximumvalueof ^ ,^)bdcfe2gih randomvariablê conditionedon cfe2g ,j a jlk gdm distributionof ^ andprobability n0o�bp^qeHg=h ,j brc!eHg=h distributionconditionedon c!eHg ,^�etsHuOvxwzy_N{ u vx|~} jlk g�m?��g meanof ^ ,s u;vlwzy_N{ uOv@|N}O� br^�eHgih;� jlk g�m conditonalprobability � bp^�eHg=h is unconditonedby ^ .

3.1 Stationary Distrib ution

To find thestationarystatedistributionof themodelanumericalframework for solvingdiscrete
andfinite Markov models[6] is applied,which is basicallya generalizedformalizationof the
methodusedin [19]. Then,theinput distributionsfor theanalysisarespecified.

3.1.1 Applying the Framework

Theframework is extendedby theuseof conditionaldistributionsandthegenerationof astart
vectorby ashortMarkov chainsimulation.Only adescriptionof theMarkov modelis needed
from which the numericalprogramcanbe syntacticallydeduced.Thedescriptioncomprises
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renewal points,statevariables,factorsinfluencingthe systemanda statetransitionfunction
describingthebehavior of thesystem.

Themodelfrom Section2 canbedividedinto two parts.Whenthereis no IP packetanda
voicesamplearrives,multiplexing is started.Thespacercounterjust beforethis time instant
is denotedby �O� . The multiplexing time is limited by the timer value ����� (timer common
usage).After multiplexing, the IP packet contains� voicesamplesresultingin an IP packet
of size ���r��� thatdependsonthenumberof multiplexedvoicesamples.Thespaceroccupancy
is reducedby �����t��� yielding �E� . If theupdatedspaceroccupancy plusthesizeof thenew
IP packet doesnot exceedthespacersize �6�U�W� , theIP packet is acceptedfor transmissionby
thespacerincreasingits counterby ���d��� . Thefinal spacercounteris denotedby ��� andthis
behaviour is describedby Algorithm 1.

The time until thenext voicesamplearrivesis calledintermultiplex time anddenotedby� �r��� . It is dependenton how many samplesaremultiplexedinto the IP packet. Within that
timethecounter� � is diminishedby

� �r���7��� resulting� � . This is expressedby Algorithm 2.
Themodelmustbeformalizedto beappliedto theframework. To reducethecomputational

complexity, we identify two renewal points. Thefirst is at multiplexing start,thesecondone
just afterdiscardingor acceptingthemultiplexedIP packet for transmission.Thefactorsthat
influencethe statetransitionfrom the first renewal point to the secondarethe number � of
voice samplesin the multiplexed IP packet andthe resultingIP packet size ���d��� . The next
transitionis dependingon the intermultiplex time

� �r��� . The stateof the first renewal point
is givenby thespacercounter�O� while thedescriptionof thesecondrenewal point comprises
both the counter � � aswell as the number � � of multiplexed voice samplesin the last IP
packet.

Thetransitionfunction � describesthestateevolution betweenrenewal pointsof thefirst
type. It canbe decomposedinto �f���@�����7� , where � denotesthe compositionoperator.
Startingwith an initial vector  ¡�� , the successordistributions  ¡�¢ arecomputedusing � ,  ��¢r£ �
andthedistributionsof thefactors� , ���d��� , and

� �d��� . Thelimit of their averageeventually
yieldsthestationarydistribution  �� .

Input: state �d�E��� , multiplexedvoicesamples� , andIP packetsize ���d����0�6¤¥�H¦¨§�©@�d�E�Uª������«�¡�¬¯®G�
if �d�E�±°1���r���³²´� �U�W� � then µ IP packetsent¶�·��¤¸�«�0��°)���r���
else µ IP packet lost¶�·��¤¸�«�0�
end if�¹��¤¥�«�

Output: state �d���8¬��¹���
Algorithm 1: Function ºl» - Multiplexing

3.1.2 Specificationof Input Distrib utions

The distributionsof � , ���r��� , and
� �r��� must be computedto determinethe input for the

analysis. They arederived from a given voice sampleinterarrival time distribution ¼ anda
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Input: state ½d¾�¿8À�Á¹¿�Â andintermultiplex time Ã7½rÁ¹¿�Â¾EÄÆÅ¥ÇHÈ¨É�Ê@½d¾·¿�ËÌÃ7½rÁ�¿¡Â;Í�ÎÀ¯ÏGÂ
Output: state ½d¾EÄ�Â

Algorithm 2: Function ÐOÑ - Intermultiplex Time

givenvoicesamplesizedistribution Ò .
During Ó�Î�Ô time Á�Ç2Õ packetsarrive. Thishappensif thesumof Õ±Ë×Ö interarrival timesØ«ÙpÚ ¿Û�Ü ¿ Ý Û is shorterthan Ó�Î�Ô andthesumof Õ interarrival times

Ø«ÙÛ�Ü ¿ Ý Û exceedsit. Hence,
thedistributionof Á is definedby thecondition

Þ ÙrÚ ¿ß
Û�Ü ¿

Ý ÛÆà Ó�Î�Ôfá
Ùß
Û�Ü ¿

Ý Û�â4ã Þ Á�Ç´Õ âOä (1)

Thesizeof anIP packet carrying Á voicepacketsconsistsof thesizeof thecontainedvoice
samplesandprotocolheaders.TheprotocoloverheadcomprisestheIP, UDP, andRTP header
perpacketplusthemini headerfor eachmultiplexedvoicesample.Consequently, theIP packet
sizeis givenby theconditionalrandomvariable

å ½rÁ�Ç2ÕiÂ0Ç«æ4ç(è×é1æ-ê/ë·è�é1æ&ì6í7è×é
Ùß
Û�Ü ¿

½ræ&î Ùðï�Ù é)ñ Û Â ä (2)

Theintermultiplex time Ã?½dÁ�Â is thedurationfrom amultiplexing timeoutinstantuntil thenext
voice samplearrives. Given that thereare Á samplesin the last multiplexed IP packet, the
intermultiplex time is theremainderof the ò -th interarrival timeaftermultiplexing. Therefore,
thedistributionof Ã7½rÁ�Ç2ÕiÂ is determinedby thecondition

Þ ÙrÚ ¿ß
Û�Ü ¿

Ý Û à Ó�Î�Ôfá
Ùß
Û�Ü ¿

Ý Û�â ã Þ Ã7½rÁ�Ç2ÕiÂ0Ç
Ùß
Û�Ü ¿

Ý Û Ë�Ó�Î�Ô â (3)

In caseof ageometricalinterarrival time Ã?½dÁ�Â0Ç Ý holds.

3.2 PerformanceMeasures

The loss probability ó?ô�õöN÷ õiõ , the waiting time distribution ø , and the overheadù for a voice
sampleareobtainedby usingthestationarydistribution ú�Ä .
3.2.1 VoiceSampleLossProbability

We considerthemultiplexing start. Thenext IP packet is readyfor spacingafter Ó�Î�Ô time.
In themeantimethespacercounteris diminishedto ¾0û?Ç´È¨É�Ê@½�¾OÄ0ËüÓ�Î�Ô)Í¯ÎÀ¯ÏGÂ bytes.If the
newly arrivedIP packetwith

å ½rÁ�Â bytesplustheupdatedcountervalue ¾Eû exceedthespacer’s
capacity¾ îUýWþ , theIP packet is discarded.Thelossprobability ó ç¯èöN÷ õzõ ½rÁqÇHÕ¯À(¾OÄ�Ç ÿ±Â of anIP
packet dependson thenumberÁ of containedvoicesamplesandon thespacercounter¾OÄ at
multiplexing start

ó ç¯èöN÷ õzõ ½rÁqÇ´Õ(À(¾ Ä Ç1ÿ±Â Ç ß������� Ü Ù�� Ü	� ��
����� ������� Ü7Û �=Ú í��;ê�� �	� Ä ��� ���	�� ! ½rÁ�Ç2ÕiÂ#" $�% ä (4)
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The lossprobability &('*)+�, )-)/. 0 +�, )2143 0 of a voicesampleis the averagenumber
0 +�, )21 of lost

voice samplesin an IP packet divided by the averagenumber
0

of voice samplesin an IP
packet.0 +�, )�165 0 . 768:9�; . <>= . &�?6@+�, )-) 5 0 . 7:869A; . <>=ABC7 (5)0 5 0 . 7-= . 7

(6)

Unconditioningthemby
0

and
9 ;

yields
0 +�, )21 and

0
.

3.2.2 VoiceSampleOverhead

TheoverheadD . E 3 F is definedby thequotientof themeansentprotocolheadersize
E

of a
transmittedIP packetandthemeanof thesentpayloadsize F . Both aredependingon

0 . 7and
9 ; . < . Theprotocolheadersizeof anIP packet is 5HG ?:@JI GLK�M @NI G/OP @NI GRQTS�UVS B:7�=

andthevoicesamplepayloadsize 5HWX5 0 . 7�= . Y =AZ 5�G ?6@[I GLK�M @\I GROP @\I GRQTS�UVS BC7�=is theIP packetsizewithout theprotocolheader.E 5 0 . 768:9�; . <>= . 54] Z &(?6@+�, )-) 5 0 . 768:9A; . <�=�=AB5HG ?:@[I GLK�M @\I G/OP @[I GRQTS�UVS B*7-= (7)FJ5 0 . 768:9 ; . <>= . ^_�`�_�aTb S�c b	d c�egf�h4i _�_kjml�b�n c2o�P(pAK�q pgr ; c2s j�t	u4vw 5 0 . 7-=*x Y�y B545HWX5 0 . 7-= . Y =�Z 5HG ?6@ I G KM @ I G OP @ I G QTS�UzS B#7-=4= (8)

Again,unconditioningby
0

and
9 ;

yields
E

and F .

3.2.3 VoiceSampleWaiting Time

The voice samplewaiting time { .}| I�~ consistsof the multiplexing delay | andthe
queuingtime ~ in thespacer. It canonly becomputedfor packetsthatarenot lost.

Themultiplexing delay | thatavoicesampleencountersis thetimefrom its arrival instant
until theendof multiplexing. It is dependenton thenumberof multiplexedvoicesamplesin
theIP packet: if thereis only onevoicesample,it is clearthat themultiplexing time is ��� E ;
if therearemorethanone, it is morelikely that it is shorter. The distribution for | 5 0 = is
determinedby� S�o�^n�b � � n�� ��� E�� S^n�b � � n��/�

��� � Y � 7 ��� � | 5 0 . 7-= . ��� E Z d^n�b � � nC�A� (9)

At the beginning of multiplexing, the spacercounteris
9 ;

and it is reducedto
9�� .����� 5 9 ; Z ��� E B � 8 � = aftermultiplexing. At this time theIP packet getspossiblyaccepted

for transmissionandencountersa conditionalwaiting time of~ 5 9 ; = . ����� 5 9 ; Z ��� E B � 8 � = 3 � (10)

Theprobabilityof waiting time { .�� is thequotient� x � y . 0R� 5 { .�� = 3 0 )-� U 1 of the
averagenumber

0R� 5 { .�� = of voicesamplesin anIP packet thathavewaiting time { .��andtheaveragenumber
0 )-� U 1 of sentvoicesamplesin anIP packet.
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Theaveragenumber�R���H���¡ 	¢��£�¥¤6¢6¦A§��©¨>ª of voicesamplesthatwait �«�¬  time
in anIP packetwith �£�¥¤ voicesamplesandwith acounterof ¦A§��¨ atmultiplexing startis�R���H�®�� 	¢��¯�°¤6¢6¦ § �¨>ª±� �-²´³¶µ(·6¸¹�º:»-» �H�¯�¡¤6¢:¦ § �¼¨>ª4ªA½*¤�½ (11)¾¿ÀÂÁ §�Ã �H�¯�°¤-ª*Ä Å�Æ(½#ÇÈ�É¦ § �¼¨�ª#Ä  L³ÊÅ>ÆÉË
Unconditioningof � and ¦A§ yields � � �H�±�¬ (ª . For thenumericalprogram,advantagecan
betakenof thefactthatthedistributionof Ì��É¦A§�ª takesonly thevaluesÍ and ² .

The averagenumber � »4Î�Ï�Ð � �Ñ³ � ¹�º�»�Ð is the averagenumberof multiplexed voice
sampleswithout thelost voicesamples.

3.3 Analysis of (RTP/)UDP/IP Tunneling

Theanalysisof (RTP/)UDP/IPtunnelingis a specialcaseof RTP/UDP/IPmultiplexing.Ò Only onevoicesampleis transportedby anIP packet: �Ó��² (constant).Ò The headeroverheadof an IP packet tunnelinga voice sampleonly dependson the

protocolsuite: Ô©���\ªÕ�×Ö Ô ·6¸ÙØ ÔLÚ�Û ¸ for UDP/IPtunnelingÔ ·6¸ÙØ ÔLÚ�Û ¸\Ø ÔRÜÝ ¸ for RTP/UDP/IPtunneling.Ò Theintermultiplex timeequalstheinterarrival time: Þ(�H�\ªÕ��ß .Ò A multiplexing time is not existent: àá�H�\ªÕ�°Í (constant).

4 Results

First, theQoScriteriaaredefinedanda suitedbandwidthis consideredfor multiplexing voice
data.This leadsto a slight modificationof themultiplexing protocol.Then,parameterstudies
areconductedkeepingthe bandwidthfixed. An optimumtimer valueTCU is found aswell
as the correspondingrequiredspacersize is evaluated. The behaviour of the QoSparame-
ters is observed varying the load. Finally, a comparisonamongvarioustypesof voice data
multiplexing andtunnelingis madefor differentbandwidth.

4.1 QoSCriteria and Time Scale

We definethe lossprobability of at most ²CÍãâ�ä for a voice samplea QoScriterion for voice
transmission.Accordingto [8] thedelaymustnot be larger than åæ�ç² msec,however, this
value is not fixed yet. Sincethis is very restrictive, we definea secondQoS criterion: the
probability of a voice samplewaiting longer than the delay budgetmust be at most ²�ÍÈâ(è .
Thesearetheconstraintsfor all datacomputedin thefollowing section.

Thenet traffic bandwidthis denotedby éëê��íì\½ îï where ì is the numberof users,ð
the meanvoice samplesizeand ñ the framelength in UMTS. The offeredload ò©�ôóöõó is
thefractionof thenet traffic bandwidthéëê dividedby the link bandwidthé . Thenumberof
supportablecallscanbecomputedby ì÷�çøCù ó ù ïî .

To appearin Proc.of 12thITC Spec.Seminar, Lillehammer, Norway, March2000– page8



For theinterarrival time(givenin TU) of consecutively arriving voicesamplesthegeomet-
ric distribution seemsto be appropriatefor the voice transmissionmodelon the accesslink.

It canbescaledby úüû ýC þ ÿ . Thecoefficient of variationis �������Rû � �	��
� . It is about1 for
mostof theconsideredvaluesof � . Therefore,parameterstudieswith �������Xû� arerelevantfor
thescenariodepictedin Section2. To investigatethesensitivity of theresults,differentcoeffi-
cientsof variationsmustbetested.Therefore,we decideto usea modifiednegativebinomial
distributionsinceits meanandcoefficientof variationcanbeeasilycontrolled.

Thespacercounter� andthepacket size � aremeasuredin byteswhile time is measured
in discretizedtime units(TU). Theinterpretationof thenumericalresultsdependson thetime
scale.We setthevaluefor �£û����� TU, hence,128TU correspondto 1 msec.If we decide
onemsecto be only 32 TU, the following resultsmustbe interpretedwith a quarterof the
indicatedbandwidthanda delaybudgetof �çû�� msec.

4.2 Bandwidth

The first questionis which bandwidthis apt to carry informationusingthe suggestedmulti-
plexing protocol. OneMbpscorrespondsto a link speedof 128 ������� �! � � " . It is too little to carry
everymillisecondamultiplexedIP packetcomingfrom avoicetraffic streamwith acoefficient
of variationof �������Xû#%$ & sincethedelaycriterioncannotbemet.Two Mbpsarenotsufficient
for � ����� û'�($ & . On the otherside,with 3 Mbps 259 userscould be carriedif � ����� û)&($+* ,
however, theprotocolallows only for 256users.Hence,theproposedprotocolis not fit for a
wide field of applications.Therefore,we proposeto reserve 2 octetsfor theCID value. The
following investigationsareperformedusingthis proposal.

4.3 Optimum Timer Value

We investigatethe influenceof the timer valueTCU on the multiplexing performanceusing
an 8 Mbps link. Initially, the spacersizeis setto 2048bytes,which correspondsto a delay
of 2 msec. The consequenceis that if a loss occurs,the delay budget(1 msec)hasbeen
exceededbefore. Thus,the maximumor critical offeredloadcanbe found for a givendelay
constraint. Then, the spacersize is minimized to find a requiredminimum that still meets
the delayconstraint.For morevariableinterarrival timesa larger spacersizeis neededthan
for small ones(Figure1) althoughthe critical load, i. e., the numberof allowableusersor
theamountof transmittedvoicesamples,is smallerascanbeseenin Figure2. The required
spacersizeis verysensitive to variancein interarrival time.

Themaximumnumberof connectionscanbeadmittedfor a timer valueof 0.375,0.5and
0.625msecwhenthe coefficient of variationis 2.0, 1.0 and0.5, respectively. The optimum
timer valuedependson the variability of the interarrival time, however, a timer valueof 0.5
msecyieldsa goodperformancein all cases.Therefore,all experimentsareconductedin the
following with thetimervaluesetto &,$ * msec.

Thephenomenonthatanoptimumtimer valueexistscanbeexplainedasfollows. On the
oneside,theoverheaddecreaseswith anincreasingtimer valueandthetotal numberof bytes
arriving at thespaceris less,thus,reducingthequeuingtime in thespacer. On theotherside,
anincreasedtimeoutvaluemeansa longermultiplexing delay. This denotesa tradeoff for the
waiting time -«û/.1032 which is thesumof multiplexing andspacingdelay.
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Figure1: Impactof timer settingon the re-
quiredspacersize
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Figure2: Impactof timer settingon the ca-
pacity

Thevarianceof the interarrival time of the voicesamplesis transformedinto varianceof
IP packet size. This entailsa broaderdistribution of the spacingtime for a more variable
interarrival time. Theprobabilitythat thespacingtime exceedsa critical valueis higher. This
is alsoconfirmedby the largerrequiredspacersize. If spacingtakeslonger, themultiplexing
time mustbe shorterto meetthe maximumdelay ù . Hence,a morevariableIP packet size
requiresa shortermultiplexing timervalue.

Parameterstudieshave shown that theoptimumtimer valueis not sensitive to thechosen
bandwidthnor to thevarianceof arealisticvoicesamplesizedistribution( ú,û üþý ÿ ������� ÿ ú(û+ý ).
However, for a coefficient of variationof �������	��
 û ú , which is unrealisticallyhigh for voice
samplesizes,this resultis not expectedto hold.

The existenceof a tradeoff regardingthe timer valueis oneof the major differencesbe-
tweenRTP andAAL-2 multiplexing. Underfull loadthetimer limits theAAL-2 multiplexing
time only rarelybecausethesmallATM cellsarefilled beforea timeoutoccurs[3, 7]. It has
hardlyany effectprovidedthatit is setsufficiently large.Onceacell is filled, theoverheadcan
not befurtherreducedand,therefore,theabovetradeoff doesnot exist.

4.4 QoSBehavior

Again, we consideran 8 Mbps link with a minimumspacersizeof 1504bytes. Thewaiting
time of a voice sampleconsistsof the multiplexing delay � andthe queuingtime  in the
spacer. The moretraffic arrivesthe shorteris the averagemultiplexing delaybut the longer
is thequeuingtime in thespacer. Therefore,thewaiting time in a very low loadedsystemis
longer than in a fully loadedsystem. Figure3 alsoshows the quantilefor the delaybudget
of thewaiting time distribution aswell asthelossprobability. Their growth is of exponential
orderrelatedto the numberof supportedusers.Both exceedthe QoScriterionat the critical
loadof around0.676sincethespacerbuffer hasbeenminimized.
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Figure3: Impactof theofferedloadon thevoicesamplemeanwaiting time, thedelaybudget
quantile,andthelossprobability

4.5 Comparisonof Multiplexing and Tunneling Alter natives

As mentionedbefore,tunnelingcanbeperformedby usingRTP but alsoby themereUDP/IP
protocolsuite. On theotherside,for multiplexing in IP networks,onecanthink of different
options. The existing draft with the 2 byteslarge mini header(Mux-2-12) hasseveraldraw-
backs. The timestampandthe sequencenumbercanonly be guaranteedif they arecarried
in the mini header(Mux-12-12)blowing it up to 12 bytes. The otherdrawbackis the small
CID which canbeovercomeby reservingonemoreoctet(Mux-3-12).Finally, oncanthink of
a multiplexing protocolconsistingonly of the mini headers(Mux-3-0) sincethe information
from theRTP headeris not reliableanywayon a lossylink.

Theperformanceof amultiplexing protocolhighly dependsonthetraffic to becarried.The
higherthebandwidthandtheofferedload,thesmalleraretheinterarrival times.This increases
the numberof multiplexed voice samplesin an IP packet andreducesthe proportionof the
overheadascanbeseenin Figure5. Hence,thecritical load increasesmorethanby theraw
multiplexing gain(Figure4), while for tunnelingtheoverheadstaysthesame.

BothMux-3-0andMux-3-12supportanofferedloadof upto 0.77whereas(RTP/)UDP/IP
tunnelingonly sustains0.28and0.37,respectively. In otherwords,to carry618calls,a band-
width of 16 Mbpsand12.5Mbpsis neededfor RTP/UDP/IPandUDP/IPtunnelingwhile for
Mux-3-0 andMux-3-12a bandwidthof only 6.7Mbpsis required.Theexistentmultiplexing
protocolcanonly beusedfor a bandwidthup to 3.5 Mbps(MUX-3-12) and5 Mbps(MUX-
12-12),sincethe numberof multiplexedusersexceeds256,otherwise.Mux-12-12doesnot
revealagreatadvantageover tunneling.

For theAAL-2 multiplexing schemethis is different. Providedthatall cellscanbefilled,

the protocol overheadamountsto ©«ª�¬®°¯°ª�¬ ±³²µ´«¶·¶·²¸´±
¹»º½¼ ¾½¿ÁÀ (ATM header:5 bytes,AAL-2

overhead:1 bytepercell and3 bytespersample)andcannot be further reduced.Thesame
protocoloverheadreductioncanbereachedfor multiplexing in IP networksat a bandwidthof
6 Mbps,andfor 16 Mbpstheoverheadis only 20%.
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Figure4: Impact of the bandwidth on the
critical load
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Figure5: Impact of the bandwidth on the
protocoloverhead

5 Conclusion

Weestablishedamodelfor thetransmissionof compressedvoicesamplesin UMTS usingRTP
multiplexing. The affinity to AAL-2 wasshown anddifferencesregardingthe performance
behavior wereexplainedthroughoutthe paper. For accuracy andcomputabilityreasons,we
developeda discrete-timeanalysisusinga framework for solving discreteandfinite Markov
chainswith somenew extensions.The lossprobability, the overhead,and the waiting time
distribution for voicesampleswerecomputed.

Usingtheanalysis,severalcasestudiesweremadeto investigatethebehavior of RTPmul-
tiplexing. First, we modified the existing protocol draft [2] with a larger connectionID to
allow morethan256 calls for multiplexing. This seemsto be necessarygiven the tight QoS
requirementsin [8]. A performancetradeoff regardingthe timer valuecould be shown and
explained. This resultedinto an optimumtimer valuewhich yieldedgoodperformancefor
variousparameterstudies.The link capacity, in termsof supportableusers,andthe required
spacersizeswerevery sensitive to variancein the interarrival timesof the transportedvoice
samples.Hence,thoroughsourcemodelingis crucial for a reasonableparametersettingin an
RTP multiplexing system.Furthermore,theinfluenceof theofferedloadon theQoSparame-
terswasshown. A performancecomparisonof variousmultiplexing andtunnelingalternatives
waspresented.For multiplexing only half or evenlessthebandwidthwasneededto carrythe
samenumberof connectionsaswith tunneling.For veryhigh link speeds,theoverheadis only
two thirdscomparedto AAL-2.

Furtherstudiesshouldaddressthe traffic transportin UMTS networks in the presenceof
voice,circuit andpacket switcheddata. It is not clearyet, how thedifferentQoScriteriacan
bemet.
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