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Abstract

The RTP/UDP/IPprotocolsuiteis in the processof beingstandardizedfor mul-
tiplexing realtimeflows. It aims at reducingheaderoverhead,therefore,it is apt
for transportingcompressedvoice in accesslinks or in thecoreof mobile commu-
nicationnetworks. To provide realtimequality of service,networks requiretraffic
parameterswhichcanbemetusingaspacer.

In this paper, anexactanalysisfor theRTP/UDP/IPmultiplexing schemeinclud-
ing spacingis derived. Influenceson theperformanceof thesystemareinvestigated
andanoptimumvaluefor themultiplexing timer is found. A numericalcomparison
to thedatatunnelingmethodis alsopresented.Additionally, a leaky bucket descrip-
tion of themultiplexedIP packet outputstreamis givenasanalternative to spacing.
Theaffinity to AAL-2 multiplexing in ATM is pointedout andthefundamentaldif-
ferenceswith respectto performanceareexplained.

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

1 Intr oduction

Thesuccessof theInternetProtocol(IP) hasstartedthediscussionin thestandardization
communityof the3rd generationof mobilecommunicationsystems(3GPP)to introduce
IP asthetransporttechnologyin thewirelinepartof futuremobilecellularcommunication
systems[1]. Characteristicsof compressedrealtimevoicedatatraffic arethesmall-sized
packetsandthestrict quality of service(QoS)requirements,i.e.,upperboundson packet
lossanddelay. Bothareproblematicwith IP technology.

A UserDatagramProtocol(UDP) headeris mandatoryto carry informationover IP
networksandfor voicedataanadditionalRealtimeTransmissionProtocol(RTP) header
is commonlyused.Tunneling,i.e.,carryingasinglevoicesamplein oneIP packet yields
a low bandwidthexploitation dueto headeroverhead.This canbe overcomeby multi-
plexing severalvoicesamplesinto thepayloadof a singleRTP/UDP/IPpacket. A timer
is usedto limit themultiplexing delay. Therefore,theRTP multiplexing scheme[2] was
recentlydiscussedin theInternetEngineeringTaskForce(IETF).

So far, the Internet is without realtimecapabilities,however, IP is currently being
enhancedwith realtimeenablingtechniques.To obtainhardrealtimeguarantees,a flow
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hasto declareandto complywith sometraffic descriptors.Packetsthatarenot conform
aredroppedby thenetwork unlessthey aredelayedby aspacer.

In a transmissionsystemwith RTP multiplexing andsubsequentspacingor policing,
theparameterslikemultiplexingtimervalue,spacerbuffer sizeor leaky bucketparameters
have to be setproperlyin orderto maximizethe numberof supportablecalls for which
theQoScharacteristicsaremet.A problemof similarnatureoccursin ATM networksand
is solvedby usingtheATM AdaptationLayer2 (AAL-2) for multiplexing. Thishasbeen
thoroughlyinvestigatedin [3, 4, 5, 6, 7].

In this paperRTP multiplexing is investigated.Casestudiesaremadeto setsystem
parametersin orderto maximizetheperformance.In Section2 we developa modelfor
the transmissionof wirelessvoice traffic over IP networks andexplain the fundamental
differencesto AAL-2. In Section3, theanalysisis derivedandthenumericalresultsare
presentedin Section4. Finally, Section5 concludesthepaper.

2 Model for Tunneling and Multiplexing Wir elessData

Traffic originating from a cellular mobile communicationsystemis either tunneledor
multiplexedinto IP packetsandundergoesa spacerbeforetransportationthrougha real-
time IP network. In the following, we concentrateon voicedatato developa modelfor
transmissionover IP technology.

2.1 SourceModel

In today’scellularmobilecommunicationsystems(seeFigure1),voicedataoriginatingat
a mobilehandsetis transmittedover theradiointerfaceto a basestation.It is transported
overa wired accesslink to thecorenetwork andtakesthenthereverseorderto reachthe
destinationhandset.Weaim atmodelingthetraffic occurringat theaccesslink.
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Figure1: Mobile network structure
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In the UniversalMobile TelecommunicationsSystem(UMTS) a handsettransmits
voicesamplesperiodicallyevery20msec.Thus,thearrival processis fully characterized
by a single Z\[^]`_ msectime frame.Theprobability thata senderis associatedwith an
arbitraryinstantwithin thatinterval is evenlydistributed.This entailsanexponentialdis-
tributionof theinterarrival time a of consecutivevoicesamplesif theperiodictimestruc-
tureis not takeninto account.However, accordingto [8], themaximumalloweddelayis
1 msecwhich is only bced of theframeperiod,sothattheperiodicalstructureof thearrival
processis notsupposedto havegreatinfluenceontheperformance,especiallyin thepres-
enceof many users.Thediscretenatureof digital communicationsystemsproposesthe
geometricdistribution – the discretetime counterpartof thenegative-exponentialdistri-
bution– to modeltheinterarrival timesof consecutively arriving voicesamples.

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

In theconsideredwirelessnetwork a variablebitratevocoderis used.During anoff-
phaseof aconversationtheinformationcanbebettercompressedthanduringanon-phase
resultingin voicesamplesof differentsize.Therefore,asampletraceof asinglevocoderis
clearlypositively correlated.But simulationshaveshown thatfor superpositionof several
usersthesizesof consecutively arriving voicesamplescanbeassumedto besufficiently
uncorrelated.Table1 showsatypicaldistributionof thesamplesizegainedfrom anIS-96
vocoderoutput [3, 9]. So we model the voice samplesize f by an independentlyand
identicallydistributed(iid) randomvariableaccordingto thegivenhistogram.

2.2 Tunneling and Multiplexing

Carryingveryshortdatapacketsby tunnelingthroughanATM or IP network yieldsalow
bandwidthexploitationdueto protocoloverhead.However, thecausefor theoverheadis
differentin bothsystems.

ATM’s cell payloadsizeeasilydoublesthesizeof a compressedvoicesamplewhich
is about ]`_ bytes. Hence,thereis unusedspacein the cell dueto the fixed cell length
which representsgehji cedced k%l _m_%n^[ lpo%q n overhead.

The IP packet size is variableandwastedpayloaddoesnot exist. However, the IP
headersize is 20 bytes for the old IP version4 [10] and even 40 bytes for the new
IP version6[11]. The UDP headerhas8 bytes[12] andthe RTP headercomprises12
bytes[13]. Hence,theheaderoverheadfor voicedatatransmissionover RTP amountstocedsr�tsr b cced k%l _m_mnu[v]`_`_%n .

Multiplexing canbeusedin bothcasesto reducetheoverhead.In ATM networks,the
voicesamplesareequippedwith a 3 bytesheaderandthentransmittedasa streamin the
CPS-PDUpayload(47 bytes)over the network [14]. A timer controlsthe multiplexing
delay, i.e., if a voicesamplewaitsmorethana specifiedtime for cell completion,thecell
is sentregardlessof whetherit is filled or not. Thus,AAL-2 preventswastedpayload.
OnceanATM cell is completelyfilled, theoverheadcannot befurtherreduced.
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In IP networks, the voice samplesare suppliedwith a 2 bytesmini header[2] and
multiplexedinto anRTP/UDP/IPpacket. The delaymustbe controlledhereby a timer,
too. This multiplexing schemereducesthe fraction of the headersize with respectto
carriedpayload.Theoverheadminimizationis only limited by themaximumtransferunit
of theunderlyingtransportmechanism.

If theofferedloadin ATM networksis sufficiently highsuchthatmostof thecellsare
completedbeforethe timer 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 Realtime Transport Parameters

After an IP packet or anATM cell is filled by multiplexing, it is sentthrougha realtime
network. Realtimetransportationrequiresthenetwork to dedicateenoughbandwidthto
thedesiredvirtual leasedline. In return,theaccessmustbecontrolledto sheltertheQoS
froman– intentionallyor not–misbehavedsource.To achievethataim,traffic parameters
thatdescribetheflow arenecessaryto make appropriateresourcereservations.In ATM’s
ConstantBit Rateclass[15] a peakcell ratemustnot be exceeded.For IntegratedSer-
vices’ [16] GuaranteedQualityof Serviceclass[17] thedatastreammustbeleaky bucket
conform. WhetherDif ferentiatedServices[18] will supporthardrealtimeconstraintsis
not clearyet.

If a packet is found not to be conform to the traffic contractat the policer of the
network, it will be discardedeither immediatelyat the ingressor will be marked and
droppedlaterwithin thenetwork if congestionoccurs.Therefore,packetsmustbespaced,
i.e., deferreduntil the traffic contractis met. Spacingintroducesadditionaldelaywhich
might have a considerableimpact on the overall performanceof the system. Another
possibility is to describethe IP streamby the leaky bucket parameterstransmissionratew

andbucketsize xzy|{~} . Usingtheseparametersfor policing,thereis hardlywaiting time
for IP packetsbut still a lossprobabilitydueto policing by thenetwork.
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Figure2: Multiplexing andtunnelingof voicesampleswith spacing
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The spacerthat we considerworks as follows. It hasa byte counter ¨ that shows
the virtual occupancy of its queue.It is decreasedlinearly by the link rate © over time
but doesnot fall shortof zero. WhenanIP packet of size ª arrives,it is acceptedif the
counter̈ plusthenew packet’s sizedo not exceedthequeuelimit ¨�«­¬¯® . In this casethe
counteris increasedby ª bytesandthepacket will besentafter °± time. Otherwise,the
IP packet is discarded.

Figure2 summarizesthemodelfor multiplexing or tunnelingvoicesampleswith ad-
ditionalspacing.Voicesamplesarrivewith geometricallydistributedinterarrival times ² .
Their size ª follows a given histogram.Thenthey aretunneledvia the (RTP/)UDP/IP
protocol or multiplexed using the RTP/UDP/IPprotocol. The resultingIP packets are
treatedaccordingto thespecificationof theabovedescribedspacer.

3 Analysis of RTP Multiplexing

In this section,ananalysisfor the RTP multiplexing modelis derived. First, a discrete-
timeMarkov modelof thesystemis setupto derivethestationarystatedistribution. Based
on this the lossprobability, thewaiting time distribution,aswell astheaverageprotocol
overheadfor thevoicesamplesarecomputed.Adjusting the input parameters,thesame
analysiscanbeappliedto (RTP/)UDP/IPtunneling.

For the sake of simplicity somenotationalconventionsare introducedregardingan
arbitraryrandomvariable³ :

³´«�µ·¶¹¸ ³´«�¬¯® minimumandmaximumvalueof ³ ,
³»º½¼¿¾ÁÀÃÂ randomvariable³ conditionedon ¼¿¾ÁÀ ,Ä ¸ Ä­Å À&Æ distributionof ³ andprobability ÇÉÈ	ºÊ³Ë¾ÌÀÍÂ ,Ä º&¼¿¾ÌÀÍÂ distributionconditionedon ¼¿¾ÁÀ ,
³Ë¾ÏÎÌÐ�Ñ$ÒÍÓµÕÔ Ð ÑSÖ�×

Ä­Å À½ÆÙØ	À meanof ³ ,
ÎÌÐ Ñ$ÒÍÓµÕÔ Ð ÑSÖ�×�Ú ºÛ³Ü¾ÁÀÍÂ�Ø Ä­Å À½Æ conditonalprobability Ú ºÛ³Ý¾ÞÀÍÂ is unconditonedby ³ .

3.1 Stationary Distrib ution

To find thestationarystatedistribution of themodela numericalframework for solving
discreteand finite Markov models[6] is appliedwhich is basicallya generalizedfor-
malizationof themethodusedin [19]. Then,the input distributionsfor theanalysisare
specified.

3.1.1 Applying the Framework

Theframework is extendedby theuseof conditionaldistributionsandthegenerationof
a start vector by a short Markov chain simulation. Only a descriptionof the Markov
model is neededfrom which the numericalprogramcanbe syntacticallydeduced.The
descriptioncomprisesrenewal points,statevariables,factorsinfluencingthesystemand
astatetransitionfunctiondescribingthebehavior of thesystem.

Themodelis asfollows. At thearrival instantof thefirst voicesamplemultiplexing
into anIP packet is startedandthespacercounteris denotedby ¨àß . Themultiplexing time
is limited by the timer value áâ©äã . After multiplexing, the IP packet containså voice
samplesresultingin anIP packetof size æçº½åèÂ thatdependsonthenumberof multiplexed
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voicesamples.Thespaceroccupancy is reducedby éâêäëÞìíê yielding îàï . If theupdated
spaceroccupancy plusthesizeof thenew IP packetdoesnotexceedthespacersize î�ð�ñ¯ò ,
the IP packet is acceptedfor transmissionby thespacerincreasingits counterby óçô½õ÷ö .
Then,thespacercounteris denotedby îùø . The time until thenext voicesamplearrives
is calledintermultiplex timeanddenotedby ú�ô½õèö . It is dependenton how many samples
aremultiplexedinto theIP packet. Within thattimethecounteris diminishedby ú�ô½õèöûìÃê .
Whenthenext voicesamplearrives,theprocedurestartsagain.

Themodelmustbeformalizedto beappliedto theframework. To reducethecompu-
tationalcomplexity, we identify two renewal points.Thefirst is at multiplexing start,the
secondonejust afterdiscardingor acceptingthemultiplexedIP packet for transmission.
Thefactorsthatinfluencethestatetransitionfrom thefirst renewal point to thesecondare
thenumberõ of voicesamplesin themultiplexedIP packet andtheresultingIP packet
size óçô½õ÷ö . Thenext transitionis dependingontheintermultiplex time ú�ô½õ÷ö . Thestateof
thefirst renewal point is givenby thespacercounterîàü while thedescriptionof thesec-
ondrenewal pointcomprisesboththecounterî ø aswell asthenumberõ ø of multiplexed
voicesamplesin thelastIP packet.

Thetransitionfunction ý describesthestateevolution betweenrenewal pointsof the
first type. It can be decomposedinto ýÿþ ý�ø � ý�ü , where � denotesthe composition
operator. Startingwith an initial vector � üü , the successordistributions � ü� arecomputed
using ý and � ü��� ø andthe distributionsof the factors õ , óâô&õèö , and ú�ô½õ÷ö . The limit of
theiraverageeventuallyyieldsthestationarydistribution � ü .

Function ý�ü (seeAlgorithm 1) characterizesthesystemduringthemultiplexing time.
At theendof themultiplexing interval of durationéâêäë , thespaceroccupancy is reduced
by éâêäë ìûê . Within that time, õ voice sampleshave arrived andaremultiplexed into
an IP packet of size óâô&õèö . If the counterplus the packet sizeexceedthe spacer’s size
î�ð�ñ¯ò , theIP packet is acceptedfor transmissionincreasingtheoccupancy, otherwise,the
IP packet is discarded.

Input: state ô î ü ö , multiplexedvoicesamplesõ , andIP packet size óçô&õèö
î�ï�� þ	��

��ô îàü�� éâê ë ì�ê�� � ö
if ô î�ï�� óçô½õ÷ö��Áî�ð­ñ¯òíö then � IP packet sent�
î ø � þ î ï � óçô½õ÷ö

else � IP packet lost�
î ø � þ î ï

end if
õ ø �·þÁõ

Output: state ô î ø � õ ø ö
Algorithm 1: Function ��� - Multiplexing

Function ý ø (seeAlgorithm 2) correspondsto the statetransitionfrom the second
renewal point to the first. It describesthe systemduring the intermultiplex time ú�ô½õ÷ö .
Thespaceroccupancy is reducedlinearlyby thelink rate ê .
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Input: state ��� �"!$#%�'& andintermultiplex time (��)#%�'&�+*-,/.	0�1
23��� �54 (��)# � &56879!;:<&
Output: state ��� * &

Algorithm 2: Function =�> - Intermultiplex Time

3.1.2 Specificationof Input Distrib utions

Thedistributionsof # , ?-�@#A& , and (��)#B& mustbecomputedto determinetheinput for the
analysis.They arederivedfrom a givenvoicesampleinterarrival time distribution C and
agivenvoicesamplesizedistribution D .

During E-7GF time #H.	I packetsarrive. Thishappensif thesumof I 4KJ interarrival
times L	M�N �OQP � R O is shorterthan E-7GF andthesumof I interarrival times L	MOQP � R O exceeds
it. Hence,thedistributionof # is definedby thecondition

S M�N �T OQP �
R OVU E-7GFXW MT O'P �

R OZY\[ S #H.]I Y+^ (1)

The sizeof an IP packet carrying # voice packetsconsistsof the sizeof the contained
voicesamplesandprotocolheaders.TheprotocoloverheadcomprisestheIP (version4),
UDP, andRTP headerof _<: bytesplus ` bytesmini headerfor eachmultiplexed voice
sample.Consequently, theIP packet sizeis givenby theconditionalrandomvariable

?a�)#b.	Ic&d. MT O'P �fe
Ohg `V6iI g _<: ^ (2)

The intermultiplex time (3�@#A& is the durationfrom a multiplexing timeout instantuntil
thenext voicesamplearrives. Giventhat thereare # samplesin the lastmultiplexedIP
packet, the intermultiplex time is the remainderof the j -th interarrival time aftermulti-
plexing. Therefore,thedistributionof (��)#b.	Ic& is determinedby thecondition

S MkN �T OQP �
R OVU EV7lFmW MT OQP �

R O Y [ S (3�@#b.]In&�. MT OQP �
R O 4 E-7GF Y (3)

In caseof ageometricalinterarrival time (��@#A&�. R
holds.

3.2 PerformanceMeasures

Thelossprobability oqpQrsut r)r , thewaiting time distribution v , andtheoverheadw for a voice
sampleareobtainedby usingthestationarydistribution x * .
3.2.1 VoiceSampleLossProbability

We considerthe multiplexing start. The next IP packet is readyfor spacingafter E-7GF
time. In themeantimethespacercounteris diminishedto �5y�.z0�1
2f���+* 4 EV7lF	6{79!;:<&
bytes. If the newly arrived IP packet with ?a�)#A& bytesplus the updatedcountervalue� y exceedthe spacer’s capacity ��|~}�� , the IP packet is discarded.The lossprobability
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��������c���Z�)� � �'�;�h������� of an IP packet dependson the number � of containedvoice
samplesandon thespacercounter� � at multiplexing start

� ������n�)�Z�)�b�	�'�;� � ������� ��/�����5���¡ k�q¢; ¤£�¥�¦�§Z�k��¨
©��<ªQ ¬«<­�®°¯²± ®�³ �  µ´¶¨¸·�¹nº
» �)�b�	�c�½¼u¾�¿)À (4)

Thelossprobability �qÁ ����c��� � � �u�n�@Â)Ã � of avoicesampleis theaveragenumber� �u�n�@Â of lost
voicesamplesin anIP packetdividedby theaveragenumber� of voicesamplesin anIP
packet.

� �u�n�@Â �@�H�Ä�'�"� � �Å����� � ����u�n��� �)�b�Ä�'�"� � �Å���5Æi� (5)�Ç�)�b�Ä�n�È� � (6)

Unconditioningthemby � and � � yields � �u�n�@Â and � .

3.2.2 VoiceSampleOverhead

TheoverheadÉ � Ê Ã Ë is definedby thequotientof themeansentprotocolheadersizeÊ of a transmittedIP packetandthemeanof thesentpayloadsize Ë . Botharedepending
on �Ì�Í� and � � �K� . Theprotocolheadersizeof anIP packet is then ��Æ
ÎaÏ�Ð<Ñ andthe
voicesamplepayloadsize �)Òa�@�Ì�m�c�Ó�Ô¾q��ÕÇ�ÖÆ�Î9Õ×Ð<Ñ is theIP packet sizewithout the
protocolheader.

Êl�)�H�]�Q�"� � �Ø���È� ��Ù�Õ � ����u�n���Z�)�b�	�Q�"� � �Ø���'�5Æ���ÎÚÆi�²Ï×Ð<Ñ<� (7)Ë �)�H�]�Q�"� � �Ø���È� ��/�����5���Û ¤�q¢; ¤£�¥�¦�§¸�¤�¡¨8©��<ª' µ«<­�®°¯²± ®�³ �  ¬Ü¶¨ ·�¹nº
» �)�b�	�c�½¼u¾�¿�Æ��'�Q�)Òa�)�b�	�c���Ý¾q�5ÕØÎÚÆi�ÞÕÇÐ<Ñ<� (8)

Again,unconditioningby � and � � yields Ê and Ë .

3.2.3 VoiceSampleWaiting Time

Thevoicesamplewaiting time ß �áà Ï]â consistsof themultiplexing delay à and
thequeuingtime â in thespacer. It canonly becomputedfor packetsthatarenot lost.

Themultiplexing delay à thata voicesampleencountersis thetime from its arrival
instantuntil theendof multiplexing. It is dependenton thenumberof multiplexedvoice
samplesin theIP packet: if thereis only onevoicesample,it is clearthatthemultiplexing
timeis ã-ä Ê ; if therearemorethanone,it is morelikely thatit is shorter. Thedistribution
for àz�)�A� is determinedby

å ��«�æ� ª'��æ3ç ªVè ã-ä Êmé �� ª'��æ3ç ªZê\ë
å Ñ è ¾ìé�� ê�ë å àí�@�î�]�n��� ã-ä ÊïÕ

¢� ª'��æ3ç ª"ê À (9)

At the beginningof multiplexing, the spacercounteris � � andit is reducedto �+ð+�ñóò
ô �)� � Õ ãVä Ê�Æ ä �;Ñ<� aftermultiplexing. At thistimetheIP packetgetspossiblyaccepted
for transmissionandencountersaconditionalwaiting timeof

âó�)� � ��� ñóò8ô �)� � Õ ãVä ÊÄÆ ä �;Ñ<� Ã ä (10)
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Theprobabilityof waiting time õ öÝ÷ is thequotient ølù�÷�ú�ö ûýüÿþ)õ öÍ÷���� û����	��
 of
theaveragenumberûýüìþ�õ öÍ÷�� of voicesamplesin anIP packet thathavewaiting timeõ öÍ÷ andtheaveragenumberû����	��
 of sentvoicesamplesin anIP packet.

Theaveragenumberûýüÿþ)õ ö ÷
�$û ö�������� ö���� of voicesamplesthatwait õ ö÷ time in an IP packet with û ö � voice samplesand with a counterof ���Çö�� at
multiplexing startis

ûýü þ�õ öÝ÷
�$ûHö������ � ö�����ö þ���� �"!$#%'& �	� þ@ûbö(����� � ö)�����+*,�-* (11)./ 0 1 � 2 þ)ûHö3�4�½ù'5�ú�*,6qþ	� � ö)�7�¸ù�÷8�95�ú	:
Unconditioningof û and � � yields ûýüÿþ)õ öX÷�� . For thenumericalprogram,advantage
canbetakenof thefactthatthedistributionof ;�þ<����� takesonly thevalues= and � .

Theaveragenumberû����	��
 ö û>� û %'& ��
 is theaveragenumberof multiplexedvoice
sampleswithout thelost voicesamples.

3.3 Analysis of (RTP/)UDP/IP Tunneling

Theanalysisof (RTP/)UDP/IPtunnelingis aspecialcaseof RTP/UDP/IPmultiplexing.? Only onevoicesampleis transportedby anIP packet: ûHö@� (constant).? Theheaderoverheadof anIP packet tunnelingavoicesampleonly dependson the

protocolsuite: AÇþ@û ��ö B�CED�F = for UDP/IPtunneling� F�D9CED�F = for RTP/UDP/IPtunneling.? Theintermultiplex timeequalstheinterarrival time: G�þ)ûH�dö�I .? A multiplexing time is notexistent: Jzþ)û �dö(= (constant).

4 Results

In the previously derived analysisthe spacercounter � andthe packet size K aremea-
suredin byteswhile time is measuredin discretizedtime units (TU). The interpretation
of numericalresultsdependson this timescale.If weassumethatoneTU is LMON msec,the
delaybudget P of 128TU correspondsto 4 msecasit is assumedin [3]. Assumingthe
TU to be LL NOQ msec,thedelaybudgetis 1 msecasit is proposedin [8]. This consideration
showsthattheanalysisis not restrictedto thisspecificparameterset.In thefollowing,we
usethelatterof thetwo proposedinterpretations.

The QoSrequirementsfor a voice connectionarea lossprobability of at most �,=SR�T
andaquantileof thewaiting timedistribution for thedelaybudget � mseclessthan �,=SRSU ,
i.e., VXWiþ)õ YZ� msec�\[@�,= RSU . This is aconstraintfor all datacomputedin thefollowing
sections.Usingsimulation,probabilitiesin therangeof �]= R�T arevery timeconsumingto
compute,which illustratestheadvantagesof ananalyticalapproachoversimulation.The
analysisoutputwastestedagainstsimulationoutputanddoesnot differ.

Wedefinethenettraffic bandwidtĥ`_ ö3a�* bc wherea is thenumberof users,K the
meanvoicesamplesizeand d theframelengthin UMTS. Theofferedload eGögf�hf is the
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fractionof thenet traffic bandwidthikj dividedby the link bandwidthi . SincetheQoS
requirementsmustbemet,theofferedloadplusadditionaloverheadmustbesmallerthan
1. Thenumberof supportablecallscanbecomputedbylnmpo�q i q,rs t (12)

First, theoptimumtimervalueandthemeanwaiting time for an8 Mbpslink arecon-
sidered,the requiredspacersizeis evaluatedandanequivalentleaky bucket description
is given.Thenexperimentsvaryingon bandwidthareconducted.

4.1 Optimum Timer Value

We investigatethe influenceof the timer valueon theperformanceof thesystem.In the
following weconsideran8 Mbpslink. Initially, thespacersizeis setto 2048bytes,which
correspondsto a delayof 2 msec. The consequenceis that if a lossoccurs,the delay
budgetQoScriterion(1 msec)hasbeenexceededbefore.Thus,themaximumor critical
offeredloadcanbefoundfor agivendelayconstraint.Then,thespacersizeis minimized
to find theminimumrequiredspacersize.

For theinterarrival time of consecutively arriving voicesamplesthegeometricdistri-
bution seemsto be appropriatefor the voice transmissionmodelon the accesslink. It

canbe scaledby u m v
C w x . The coefficient of variationis y{z�|�} m�~ ���"�� andrangesfor

theconsideredvaluesbetween0.5 and1.0. To make investigationsmorecomparable,a
modifiednegativebinomialdistribution is usedsinceits meanandcoefficientof variation
canbeeasilycontrolled.We make parameterstudiesfor coefficientsof variationof 0.5,
1.0and2.0to observe theinfluenceof thevariability of thecarriedtraffic.
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Figure3: Impactof timer settingon thecapacityandtherequiredspacersize

For morevariableinterarrival timesalargerspacersizeis neededalthoughtheamount
of transmittedvoicesamplesis less.Therequiredspacersizeis verysensitiveto variance
in interarrival time. The maximumnumberof connectionscanbe admittedfor a timer
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valueof 0.375,0.5 and0.625msecwhenthecoefficient of variationis 2.0, 1.0 and0.5,
respectively, ascanbeseenin Figure3. Theoptimumtimervaluedependsonthevariabil-
ity of theinterarrival time,however, a timervalueof 0.5msecyieldsa goodperformance
in all cases.Therefore,all experimentsareconductedin thefollowing with thetimervalue
setto KMLON msec.

Thephenomenonthatanoptimumtimervalueexistscanbeexplainedasfollows. On
theoneside,theoverheaddecreaseswith anincreasingtimer valueandthetotal number
of bytesarriving at thespaceris less,thus,reducingthequeuingtimein thespacer. Onthe
otherside,anincreasedtimeoutvaluemeansa longermultiplexing delay. This denotesa
tradeoff for thewaiting time P QSR TVU which is thesumof multiplexing andspacing
delay.

Thevarianceof theinterarrival timeof thevoicesamplesis transformedinto variance
of IP packetsize.Thisentailsabroaderdistributionof thespacingtimefor amorevariable
interarrival time. Theprobability that thespacingtime exceedsa critical valueis higher.
This is alsoconfirmedby the largerrequiredspacersize. If thespacingtakeslonger, the
multiplexing timemustbeshorterto meetthemaximumdelay W . Hence,amorevariable
IP packet sizerequiresashortermultiplexing timervalue.

Parameterstudieshaveshown thattheoptimumtimervaluedoesneitherdependonthe
bandwidthnor on thevariability of thevoicesamplesize.Thecoefficient of variationof
thehistogramis 0.49,valuesof 0.35and0.65werealsotested.However, for acoefficient
of variationof 2.0,which is unrealisticfor voicesamplesizes,this resultis not expected
to hold.

Theexistenceof a tradeoff regardingthe timer valueis oneof the majordifferences
betweenRTP multiplexing andAAL-2 multiplexing. Thetimer limits theAAL-2 multi-
plexing time only rarely becausethe smallATM cellsarefilled beforea timeoutoccurs
[3]. It hashardlyany effect providedthat it is setsufficiently large. Oncea cell is filled,
theoverheadcannotbefurtherreducedand,therefore,theabove tradeoff doesnotexist.

4.2 QoSBehavior

Again, we consideran 8 Mbps link with a minimum spacersize of 1488 bytes. The
waitingtimeof avoicesampleconsistsof themultiplexing delay R andthequeuingtime
U in thespacer. Themoretraffic arrivestheshorteris theaveragemultiplexing delaybut
thelongeris thequeuingtime in thespacer. Figure4 quantifiesthis tradeoff.

Thefigurealsoshowsthequantilefor thedelaybudgetof thewaitingtimedistribution.
Its growth is roughlyexponentiallyrelatedto thenumberof supportedusersandexceeds
thedelaybudgetat thecritical loadof around0.71. Note that thewaiting time in a very
low loadedsystemis larger thanin a fully loadedsystem.The lossprobability depends
on theprovidedbuffer sizewhich is setsuchthat its QoScriterionis violatedonly if the
delaycriterionis notmetany more.It risesexponentially, too.

4.3 Comparison with Tunneling

A smallofferedloadandsmallbandwidthyield largeinterarrival timesreducingthenum-
berof multiplexedvoicesamplesin anIP packet. Therefore,thecomparisonof themul-
tiplexing andthe tunnelingschememustbe madedependingon the bandwidthandthe
critical load.
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Figure4: Impactof the offered load on the voice samplemeanwaiting time, the delay
budgetquantile,andthelossprobability

For higherbandwidththe interarrival time is smallerfor the sameoffered load and
morevoicesamplescanbemultiplexed.This reducestheproportionof theprotocolover-
headdrasticallywhile for tunnelingtheoverheadstaysthesame.This is illustratedin Fig-
ure5. Hence,multiplexing allowsahigherofferedloadthantunnelingsincelessprotocol
overheadis transmitted.It supportsanofferedloadof upto 0.808whereas(RTP/)UDP/IP
tunnelingonly sustains0.277and0.372,respectively. In otherwords,to carry618calls,a
bandwidthof 16 Mbpsand12.5Mbpsis neededfor RTP/UDP/IPandUDP/IPtunneling
while for multiplexing abandwidthof only 6.5Mbpsis required.
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Figure5: Impactof thebandwidthon thecritical load

Theprotocoloverheadis depictedin Figure6. With tunnelingtheprotocoloverhead
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is constantwhile with RTP multiplexing theoverheadcanbesubstantiallyreduced.For
the AAL-2 multiplexing schemethis is different. Provided that all cells can be filled,
theprotocoloverheadamountsto lnmporqtsumpo vxwzyn{|{}wzyv

~���������� (ATM header:5 bytes,AAL-2
overhead:1 byte per cell and3 bytesper sample)andcannot be further reduced.The
sameprotocoloverheadreductioncanbereachedfor RTPmultiplexing atabandwidthof
6 Mbpsandfor 16 Mbpstheoverheadis only half of theAAL-2 overhead.
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Figure6: Impactof thebandwidthon theprotocoloverhead

4.4 Leaky Bucket Description

If theunderlyingnetwork hasconsiderablymorebandwidththanthevirtual leasedline,
IP packetscanbesentwith variablebit rateimmediatelyaftermultiplexing without ad-
ditional spacingandsuffer no delay. Then,thetimeoutvaluecanbesetto themaximum
alloweddelay àâáäãtå ~çæè~é� msec,thus,increasingthe capacity. However, the traffic
streamhasto be declaredby a leaky bucket description. The leaky bucket parameters
mustbesetcarefullyto avoid lossdueto policingby thenetwork.

Usingtheanalysiswecandeterminetherequiredspacerbuffer to carryacertainnum-
ber of calls over a given bandwidthrespectingonly the lossQoScriterion. We set the
timer value to 1 msecand assume400 calls to be transmittedover the wired link. In
Figure7 the tradeoff betweenpeakrateandbucket sizeof a leaky bucket descriptionis
illustrated.

The requiredbucket sizeis highly dependenton thevarianceof the interarrival time
of the voice packet stream. A minimum bucket size of 800, 1040 and 1550 bytes is
requiredsincethis is the maximumIP packet size. The throughputis higherfor larger
bucket sizessincethe sametraffic canbe transportedover a lower averagebandwidth.
400calls ( êìëtãtí ~î� ) canbetransportedover a 4 Mbpslink while with spacinga 5 Mbps
link is required. However, a biggerbucket size is probablymorecostly thana smaller
one.Therefore,a costfunctionshouldbeappliedto thesecurvesto find theoptimumfor
pricing.
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Figure7: Impactof thepeakrateon theleaky bucket size

5 Conclusion

Wehave investigatedtheRTPmultiplexing protocolsuiteasit is suggestedin [2]. Wees-
tablisheda modelfor transmissionof compressedvoicedata.Theaffinity to AAL-2 was
shown anddifferencesregardingtheperformancebehavior areexplainedthroughoutthe
paper. For accuracy andcomputabilityreasons,wedevelopedadiscretetimeanalysisus-
ing a framework for solvingdiscreteandfinite Markov chainswith somenew extensions.
The lossprobability, the overhead,and the waiting time distribution for voice samples
werecomputed.

Usingtheanalysis,severalcasestudiesweremadeto investigatethebehavior of RTP
multiplexing. A performancetradeoff regardingthe timer valuecouldbe shown andan
explanationwasgiven. A valuewasfoundwhich yieldedgoodperformancefor various
parameterstudies.Thelink capacity, in termsof supportableusers,andtherequiredspacer
sizeswere very sensitive to variancein the interarrival times of the transportedvoice
samples.Theinfluenceof theofferedloadonQoSmeasuresof voicepacketswasshown.
Using RTP multiplexing insteadof (RTP/)UDP/IPtunnelingonly half the bandwidthor
even lesswasneededto carry the samenumberof connections.For higher link speeds
the overheadis only half comparedto AAL-2. Finally, a leaky bucket descriptionwas
presentedfor themultiplexedtraffic. Variablebit ratetransmissionusinga leaky bucket
contractyieldeda betterbandwidthexploitationthanconstantbit ratetransmissionusing
aspacersincetherewasnospacingtime.

Fromthesensitivity of theresultsonthevarianceof interarrival timesof voicesamples
we learnedthat thoroughsourcemodelingis crucial for a reasonabledimensioningof
systemparametersin anRTPmultiplexing system.
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