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Abstract

In thispapeywe proposeheuseof compressiomrechniquesor RTP/UDP/IP/MPLS
headersn MPLS networksto enableheadercompressiorover several IP hops. We
considerthe transmissiorof low-bitratereal-timetraffic andanalyticalresultsillus-
trateperformancedradeofs regardingnetwork utilization by userdata.Headercom-
pressiorreducedhe grossrateof low-bitratestreamsandincreaseshetransmission
capacityof the network for voice traffic by 150%. For circuit switcheddataservices
it is importantto choosea suitedpaclet sizeto maximizethe performanceThis ex-
plainswhy the reducedburstinessdy headercompressiorleadsalsoto a morethan
intuitively expectedperformanceagainon low-bandwidthaccesdinks.
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1 Intr oduction

A large part of todays toll-quality real-timedataconsistsof low-bitrate traffic suchas
voice,video andcircuit switcheddata. They originatee.g. in the terrestrialradio access
networks of wirelesscommunicatiorsystemdike GSM andUMTS andarecarriedover
low-bandwidthlinks. Whenlow-bitratereal-timedatais transporteaver IP networks,the
RTP/UDP/IPheadessuiteresultsin alargeoverheadhatdecreasethe bandwidthutiliza-
tion by userdatadrastically Headercompressiofis ameando overcomehis inefficiency
dueto increasedorocessingcompleity in the participatingrouters. It is conceved for
point-to-pointlinks andcanin generahotbeusedover several IP hops.MPLS is anewly
emeging technologyfor traffic engineeringn IP networksandit is likely to bedeployed
in future communicatiorsystemslt introducesa connectionconcepthatdefinedogical
links over severallP hops.Thisallowsto applycompressioschemesor low-bitratereal-
time dataoverseverallP hopswhich makestheuseof compressioischemesnoreflexible
andlessCPU time consumingn theintermediateouters. Thus,the useof headercom-
pressiorbecomesnoreattractve in combinationwith MPLS andthe benefitsby header
compressiorncouragehedeploymentof MPLS.

This work is structuredasfollows. In Section2 we considerthe transportof low-
bitrate real-time data. We suggestan admissioncontrol mechanismo meetthe QoS
constraints.Thetransportover ATM andIP networksis inefficient andheadercompres-
siontechniquegry to overcomethis weaknessln Section3, we shortlypresenthebasics
of MPLS and proposeto adaptheadercompressiorto MPLS. The numericalresultsin
Section4 explain performancdradeofs regardinglow-bitratereal-timetraffic andshawv
theinfluenceof headecompressioifior RTP/UDP/IP/MPLSheadersSection5 dravsthe
conclusionfrom thiswork.



2 Transport of Low-Bitrate Real-Time Traffic

In this sectionwe describehow admissioncontrol can be donefor real-timetraffic to
meetits quality of serviceconstraints.The low-bitrate andreal-timepropertieseadto
transportinefficiencieswith currentnetwork protocolsthat canbe overcomeby various
headeicompressiorandtunnelingmechanisms.

2.1 Admission Control for Real-Time Traffic

In contrasto webtraffic, real-timedatayield higherrevenuesout they mustbeforwarded
with low loss and delay evento mobile customers.In the terrestrialradio accesset-
work of GSM or UMTS, leasedlines are usedto interconnecthe userswith the core
network. This is a costly solutionand, therefore,it is desirableto make bestuseof the
rentedcapacitiego avoid unnecessargxpenses.A high network utilization is required
but the real-timecontraintsof the datamustnot be violated. To solwe this conflict, the
dimensioningof the network capacityis rathertight andadmissioncontrol (AC) of new
flows preventscongestioron the links. An efficient andstill conserative AC musttake
advantageof theflow characteristics.

The majortraffic volumeof today’s real-timedatais dueto telepholy andvideoor it
resultsfrom time critical applicationghatrequirea circuit switcheddata(CSD)emulation
from sourceto destination. The low end-to-enddelay requirementincludesthe traffic
generationso that the time to assemblea datapaclet by the applicationis kept short
which oftenresultsin small payloadsizes. As a consequenceagal-timetraffic is often
characterizetby thethe periodicproductionof smallsamples.

We multiplex severalreal-timeflows with afixed periodpacletinter-arrival time t; 41
on a commonlink. We assumeonly homogeneousraffic, so all the paclets have the
samesizeandthesameservicetime tgr. Sincetheinter-arrival timesareperiodicandthe
servicetimesare deterministic the whole queuingprocesss periodicwith periodt;4r.
It is obviousthatthe buffer queuemustrun emptyat leastoncein a periodif the load of
thesystems smallerthanl. Furthermorethe queuingbehaior is fully determinecf the
inter-arrival patternof thejoint pacletarrival processvithin asingleinterval of timet; 7.
To obtainthe waiting time distribution, this systemcanbe modeledby an N « D/D/1
gueuewhich denoteshe multiplexing of NV identical flows with constantpaclet inter-
arrival andservicetime. An analysisof thatis foundin [1]. It essentiallfrandomizesll
possiblearrival patternsto obtaina waiting time distribution for arriving paclet in this
system. We just apply thesemathematicaformulaefor the derivation of the numerical
resultsin Sectior4.

The waiting time is a suitedcriterionto definea QoS constraintfor real-timetraffic.
We assumethat a paclet may wait for a given delay budget DB per hop becauseof
queuingin the buffer. Thisis a very conserative approactsinceit is basicallypossible
thatall pacletsof the N sourcesarrive in one shotwhich leadsto a maximumwaiting
timeof N - tgr. Thus,it is betterto softenthis requiremento a probabilisticapproach.
Theprobabilityfor thewaiting time to exceedthe delaybudgetD B mustbe smallerthan
p or in otherwords: The 1 — p quantileof the waiting time distribution mustbe smaller
thanDB. For interactie real-timetraffic we usethe parametesetp = 10~* andDB = 5
msec. Figure 1 illustratesthis concept. Another aspectis the paclet loss probability.



However, asmentionedbefore,the buffer queuerunsemptyat leastoncepert,e,i.q time
and,thereforejt canbe dimensionedarge enoughto preventpaclet lossesdueto buffer
overflow atall.
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Figurel: Thequantileof thewaiting time is ameasurdor QoS.

Usingthis analysishe maximumn,,,.,, canbefoundfor which the QoSconstraints
still met. Having a numberof flows, we cancomputethe offeredload of the systemand
we getthecritical load basedon N,,,... For thecomputatiorof the offeredload, we have
theoptionto computeeitherthegrossloadincludingall protocoloverheador thenetload
whichis basednthemereuserpayload.In our investigationwe alwaysreferto netload
sincewe wantto comparethe network utilization by userdata.

2.2 HeaderCompressionfor Low-Bitrate Real-Time Traffic

We considernow transportalternatves for low-bitrate real-timetraffic in the Internet.
First, we presenthe corventionalRTP tunnelingapproachwhich is inefficient regarding
the network utilization by userdata. Headercompressiortanbe doneon a link-by-link

basisto overcomethis weaknessFinally, pacletswith compressetieadersnay be mul-

tiplexedinto a single RTP/UDP/IPpaclket andtunneledover several hopsto a common
destination.

RTP Tunneling. Forreal-timetransportn thelnternet,the Real-Time TransportProto-
col (RTP) [2] is used. The RTP headercomprisesl2 bytes. It carriesa synchronization
sourceidentifier (SSRC),a timestamp a sequenceaumber andsomeflags. It provides
informationto resynchronizalifferentstreamswithin an application. The port numbers
of the communicatingpplicationsatthe sendeandtherecever machinearequalifiedin
the UserDatagramProtocol(UDP) [3]. Its headeiis 8 byteslarge. Moreover, it records
thelengthof the UDP paclet andprotectsit with a checksunmagainsterrors. ThelP pro-
tocol headercarriestheaddressesf the sourceandthe destinatiormachine In theold IP
version4 (IPv4) [4], the headercomprise=20 bytes,thereof4 octetsfor eachlP address.
The addressspaceof IPv4 is likely to run out in the future, especiallyassoonasan all
IP architecturerequireslots of enddevices. Therefore the new IP version6 (IPv6) [5]
spendsl 6 octetsper IP addressandhasa headersizeof 40 bytes.We usethis alternatve
in our investigation.The RTP/UDP/IPprotocolsuiteamountgo 60 byteswhile the aver-
agevoice paclet sizeis not even 30 byteslarge. This resultsinto a protocoloverheadof
morethan200%.



RTP/UDP/IP Header Compression. Whenreal-timedataare exchangedmostof the

protocolfields do not changeduring the sessiorlifetime andthe timestampandthe se-
guencenumberchangesteadily e.g. by anincrementof 1. This is a prerequisitefor

headercompressiomvera point-to-pointlink becausét reliesexactly onthis obsenation

[6, 7, 8]. Theconstantindsteadilychangingdatacomposehesessiorstatethatis mapped
to a connectioridentifier (CID) suchthatthe completeheadercanbe reconstructedrom

theCID. To establisithecontext in thecompressoandthedecompressatbothsidesof a

point-to-pointlink, afull headeiis exchangedogethemwith the CID. To make the system
morerobust,full headersaretransmittedwith regulardistancebut undergoodconditions,
thisis doneonly oncefor 256 frames.RTP/UDP/IPheadercompressiomorksonly ona
link-by-link basisbecausef the compressetheader Without an IP headerpaclketscan
not beroutedthroughanarbitrarytransitIP network.

RTP Multiplexing. A meando overcomethis handicags to applyheadeccompression
betweentwo arbitrarily distantpeersandto transportseveral of the compressegaclets
in asinglelP paclet to the destination.This is called multiplexing. Figure2 shows the
advantageof multiplexing techniquesn an IP network over pure headercompression.
The resultingpaclet hasanordinaryIP headerandcanbe carriedtransparenththrough
thelnternet.
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Figure2: Headercompressiomwersusmultiplexing.

The presentinternetdraft for multiplexing compressedRTP paclets[9] is basedon
anenhancedRTP/UDP/IPheadercompressioralgorithm([7, 10] andalayerindependent
multiplexing protocol[11, 12]. A furthercompressiorstepreduceghe size of the mul-
tiplexing layer[13]. This kind of multiplexing requiresto collect severalsampleswith a
compressetieadeffor theresultinglP paclet. Thetime for thatmustbelimited to avoid
additionaldelaysfor the transporteddata. This yields someinterestingperformancebe-
havior thathave beenstudiedin [14, 15, 16]. The ATM AdaptationLayerType2 (AAL2)
[17, 18] is basicallythe sameapproachfor ATM systemsand exhibits similar tradeofs
[19, 20].



3 HeaderCompressionin MPLS Networks

In therecentyears,researchasconcentratedn the transportof real-timedatain paclet

switchednetworks. In IP networks, the IntServ[21] and DiffServ [22] approachseem
to be promising. However, they lack powerful traffic engineeringmechanisnio perform
route pinning, load sharing,fastrerouting,and others. To facilitate this, Multiprotocol

Label Switching(MPLS) [23] is introduced MPLS establishesirtual tunnelsusingonly

a smalllabelfor paclet forwarding. Therefore,|t offersitself asa tunnelingtechnology
with little headeverheadlt maybeusedin conjunctionwith IP networksandis suited
for carryingreal-timedatawith compressetieadeinformation.

3.1 SomeBasicsabout MPLS

MPLS is a mechanisnto allow packet switchinginsteadof routing over ary network
layer protocol[23]. A label switchedpathin MPLS represents& connection. The first
label switchingrouter (LSR) equipsthe IP paclet with alabelof 4 bytesandsendst to
thenext LSR. The LSRsclassifya paclet accordingto its incominginterfaceandlabel.
Basedon this information, label swappingis performedandthe paclet is forwardedto
the particularoutgoinginterface.ThelastLSR only removesthelabelfrom theIP paclet
headerIn practice routersarecapableo bothIP routingandMPLS labelswitching.
MPLSis oftenviewedasmodifiedversionof theAsynchronougransfeMode(ATM)

with variablecell size. But thereis a profounddifference:ATM enableswith its virtual
connectiorandvirtual pathconceptatwo-fold aggreationwhile MPLS allowsfor mary-
fold aggreyationusingmultiple label stacking,i.e. anLSP may betransportedver other
LSPs.Thisfeaturemaybe exploitedfor scalablenetwork structureg24.

3.2 The Useof Header Compressionwith MPLS

As we have seenin the previous section,the transmissiorof low-bitrate real-timedata
is inefficient if the size of the headerleadsto a small network utilization by userdata.
Headercompressiommitigatesthe problemat the expenseof losing the IP headersuch
that the paclet canonly be transportedon a point-to-pointbasisusing anotherspecial
layer 2 transportprotocollike PPP

We proposeto use MPLS for that purposeinsteadbecauséhe labelsare small and
MPLS is recommendedor traffic engineeringpurposesarnyway. We establishthe com-
pressorandthe decompressoat the ingressand egressof an LSP. The LSP is a virtual
tunnelsthatis ableto carry pacletswith compressetheaderdransparentlhyver several
IP hops. This ideahasbeenworked out in [25, 26]. Not only the RTP/UDP/IPheader
suitecanbecompresseblut alsoa partof thelabelstackif multiple labelstackingis used.
Accordingto thedraft, theseheadersanbereducedo 2 or 4 bytesincludingthe CID.

Ontheonehandit is evidentthatthis would increaseahe network utilization by user
databut on the other handthe useof headercompressions costly. To operateat high
speedspecialpurposehardware mustbe designedand compressoranddecompressors
mustwork reliably evenin caseof pacletlossesandothernetwork failures. Therefore jt
is importantto estimatethe performanceayainattainedoy headeicompressiorn orderto
balancehe expensesagainsthe expectedbenefits.



4 Numerical Resultsfor Performance Tradeoffs

In this section,we comparethe admissibleload for voice traffic in termsof userdata
on a link with andwithout headercompressionWe arguethat the performancegainis

morethanintuitively expectedandillustratethe reasorfor thaton the basisof a tradeof

obsenedwith a 64 kbpscircuit switcheddataservice.

4.1 Performance Gain by Header Compression

We considervoice streamscodedwith 12 kbps suchthat every 20 mseca frame of 30
bytesis transmitted.The conventionalRTP/UDP/IP/MPLSprotocolsuiteyieldsa header
size of 64 bytes (=94 byteshburst size) while headercompressiorallows to work with
compressetieaderof 4 bytes. ThesesaretunneledhroughanLSP equippedwith alabel
of 4 bytessuchthattheresultingburstare38 byteslong.
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Figure3: The performancegain by headercompressior(HC) is more thanthe reduced
meanrate.

Voicetransmissiorwithout headeicompressiors clearly inferior to the headercom-
pressionalternatve. It is obvious that the grossrate of a streamis reducedfrom 37.6
kbpsto 15.2 kbps, hence,we expectan increaseof network utilization by userdataof
147%.However, aswe canseein Figure3 theactualgrowth is evenlarger, especiallyfor
low-bandwidthlinks. Thisfactis dueto thereducedpacletsize.

4.2 Influence of Burstinessand Protocol Overhead

Theabove obsenedphenomenoranbeillustratedevenmoreclearlyby a 64 kbpscircuit

switcheddataservice(CSD)emulationover IP. Onepacletis assemblegertransmission
time intenal (TTI) andsentover the network. For a TTI=20 msec,the resultinguser
payloadsizeis 160 byteslarge. We investigatehe performanceof the systemdepending
onthedurationof TTI whichis proportionalto theresultingburstsize. Again,thenormal

headersizeis 64 bytes,the sizefor ancompressetieadetunneledby anLSPis 8 bytes
large.



Figure4 shovsthatanoptimumTTI existsfor the transmissiorof CSD. This canbe
explainedasfollows. For decreasing Tls, theratio betweeruserpayloadsizeandheader
size decreasedpo0, which hasdirectimpacton the critical netload in the system. For
increasingl Tls, theassembleghaclet sizerisesandthe increasedurstinesseducegshe
critical grossloadonthelink. Hence theremustbea TTI thatmaximizesthe critical net
load. The graphcontrastghe critical load for links with a bandwidthof 1 and4 Mbps.
Theconclusionis thattheoptimumTTI depend®n the bandwidthof the carriernetwork.
A similar behaior is obsenedfor a4 Mbpslink with andwithout headercompression.
Thecritical netloadis clearly optimized(seeFigure5) but the headercompressiomoes
notdisplacethe optimumvaluefor TTI.
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Figure4: The impact of the link band- Figure5: The impactof headercompres-
width on the optimum TTI sion (HC) on the optimumTTI
value. value.

The experimentswith CSD traffic prove that solely increasedourstinesgeven with
slightly decreasedneanrate) have an adwerseimpacton the critical grossload andits
effectdepend®nthebandwidth.Hence thebenefitof headecompressiois notonly the
smallermeanratebut alsothereducedurstinesf the streamsThefirst onecontributes
to a higheruserproportionin the grossdataandthe secondone allows a larger critical
grossloadin the system.That's why the profit of headercompressions morethanone
would intuitively expect.

5 Conclusion

In this work we have proposedo compresRTP/UDP/IP/MPLSheaderdor low-bitrate
real-timetraffic in MPLS networks. An adaptationof existing headercompressiorap-
proachess requiredandtheir applicationto LSPsinsteadof point-to-pointlinks allows
to take advantageof its benefitsover severalhops.Headercompressiomeduceghegross
rate of low-bitrate streamssuchthat the transmissiorcapacityof networksincreasegor

voicetraffic by almost150%. For the transportof circuit switcheddataservicesor other
multimediaapplicationst is importantto choosea suitedpaclet sizeto increasehe net-
work performance.This alsomotivatesthe positive impactof reduceddataburstinessn



the presencef headercompressionwhich leadsto a morethanintuitively expectedper
formancegainonlow-bandwidthaccesdinks. Apartfrom traffic engineeringapabilities,
thisfinding is anothereasorto useMPLS in future networks.
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