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Abstract

In thispaper, weproposetheuseof compressiontechniquesfor RTP/UDP/IP/MPLS
headersin MPLS networks to enableheadercompressionover several IP hops.We
considerthetransmissionof low-bitratereal-timetraffic andanalyticalresultsillus-
trateperformancetradeoffs regardingnetwork utilization by userdata.Headercom-
pressionreducesthegrossrateof low-bitratestreamsandincreasesthetransmission
capacityof thenetwork for voicetraffic by 150%.For circuit switcheddataservices
it is importantto choosea suitedpacket sizeto maximizetheperformance.This ex-
plainswhy the reducedburstinessby headercompressionleadsalsoto a morethan
intuitively expectedperformancegainon low-bandwidthaccesslinks.
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1 Intr oduction

A large part of today’s toll-quality real-timedataconsistsof low-bitratetraffic suchas
voice,videoandcircuit switcheddata.They originatee.g. in the terrestrialradioaccess
networksof wirelesscommunicationsystemslike GSM andUMTS andarecarriedover
low-bandwidthlinks. Whenlow-bitratereal-timedatais transportedoverIP networks,the
RTP/UDP/IPheadersuiteresultsin a largeoverheadthatdecreasesthebandwidthutiliza-
tion by userdatadrastically. Headercompressionis ameansto overcomethis inefficiency
dueto increasedprocessingcomplexity in the participatingrouters. It is conceived for
point-to-pointlinks andcanin generalnotbeusedoverseveralIP hops.MPLSis anewly
emerging technologyfor traffic engineeringin IP networksandit is likely to bedeployed
in futurecommunicationsystems.It introducesa connectionconceptthatdefineslogical
links overseveralIP hops.Thisallowsto applycompressionschemesfor low-bitratereal-
timedataoverseveralIP hopswhichmakestheuseof compressionschemesmoreflexible
andlessCPUtime consumingin the intermediaterouters.Thus,theuseof headercom-
pressionbecomesmoreattractive in combinationwith MPLS andthebenefitsby header
compressionencouragethedeploymentof MPLS.

This work is structuredas follows. In Section2 we considerthe transportof low-
bitrate real-timedata. We suggestan admissioncontrol mechanismto meet the QoS
constraints.Thetransportover ATM andIP networks is inefficient andheadercompres-
siontechniquestry to overcomethisweakness.In Section3, weshortlypresentthebasics
of MPLS andproposeto adaptheadercompressionto MPLS. The numericalresultsin
Section4 explain performancetradeoffs regardinglow-bitratereal-timetraffic andshow
theinfluenceof headercompressionfor RTP/UDP/IP/MPLSheaders.Section5 drawsthe
conclusionfrom this work.
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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-bitrateandreal-timepropertiesleadto
transportinefficiencieswith currentnetwork protocolsthat canbe overcomeby various
headercompressionandtunnelingmechanisms.

2.1 AdmissionControl for Real-Time Traffic

In contrastto webtraffic, real-timedatayield higherrevenuesbut they mustbeforwarded
with low loss anddelay even to mobile customers.In the terrestrialradio accessnet-
work of GSM or UMTS, leasedlines are usedto interconnectthe userswith the core
network. This is a costly solutionand,therefore,it is desirableto make bestuseof the
rentedcapacitiesto avoid unnecessaryexpenses.A high network utilization is required
but the real-timecontraintsof the datamustnot be violated. To solve this conflict, the
dimensioningof thenetwork capacityis rathertight andadmissioncontrol (AC) of new
flows preventscongestionon the links. An efficient andstill conservative AC musttake
advantageof theflow characteristics.

Themajortraffic volumeof today’s real-timedatais dueto telephony andvideoor it
resultsfrom timecritical applicationsthatrequireacircuit switcheddata(CSD)emulation
from sourceto destination. The low end-to-enddelay requirementincludesthe traffic
generationso that the time to assemblea datapacket by the applicationis kept short
which often resultsin small payloadsizes. As a consequence,real-timetraffic is often
characterizedby thetheperiodicproductionof smallsamples.

Wemultiplex severalreal-timeflowswith afixedperiodpacket inter-arrival time ����	�

on a commonlink. We assumeonly homogeneoustraffic, so all the packets have the
samesizeandthesameservicetime ���
 . Sincetheinter-arrival timesareperiodicandthe
servicetimesaredeterministic,the wholequeuingprocessis periodicwith period ���	�
 .
It is obviousthat thebuffer queuemustrun emptyat leastoncein a periodif theloadof
thesystemis smallerthan1. Furthermore,thequeuingbehavior is fully determinedof the
inter-arrival patternof thejoint packetarrival processwithin asingleinterval of time ���	�
 .
To obtainthe waiting time distribution, this systemcanbe modeledby an �������������
queuewhich denotesthe multiplexing of � identical flows with constantpacket inter-
arrival andservicetime. An analysisof that is foundin [1]. It essentiallyrandomizesall
possiblearrival patternsto obtaina waiting time distribution for arriving packet in this
system.We just apply thesemathematicalformulaefor the derivation of the numerical
resultsin Section4.

Thewaiting time is a suitedcriterion to definea QoSconstraintfor real-timetraffic.
We assumethat a packet may wait for a given delay budget ��� per hop becauseof
queuingin thebuffer. This is a very conservative approachsinceit is basicallypossible
that all packetsof the � sourcesarrive in oneshotwhich leadsto a maximumwaiting
time of �������
 . Thus,it is betterto softenthis requirementto a probabilisticapproach.
Theprobabilityfor thewaiting time to exceedthedelaybudget��� mustbesmallerthan� or in otherwords: The � � � quantileof thewaiting time distribution mustbesmaller
than ��� . For interactivereal-timetraffic weusetheparameterset��! �#"�$�% and �&� !('
msec. Figure 1 illustratesthis concept. Another aspectis the packet loss probability.
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However, asmentionedbefore,thebuffer queuerunsemptyat leastonceper )+*-,/.103214 time
and,therefore,it canbedimensionedlargeenoughto preventpacket lossesdueto buffer
overflow at all.
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Figure1: Thequantileof thewaiting time is a measurefor QoS.

Usingthis analysisthemaximum ���@��� canbefoundfor which theQoSconstraintis
still met. Having a numberof flows, we cancomputetheofferedloadof thesystemand
wegetthecritical load basedon ���@��� . For thecomputationof theofferedload,wehave
theoptionto computeeitherthegrossloadincludingall protocoloverheador thenetload
which is basedonthemereuserpayload.In our investigation,wealwaysreferto netload
sincewewantto comparethenetwork utilizationby userdata.

2.2 HeaderCompressionfor Low-Bitrate Real-Time Traffic

We considernow transportalternatives for low-bitrate real-timetraffic in the Internet.
First,we presenttheconventionalRTP tunnelingapproachwhich is inefficient regarding
thenetwork utilization by userdata. Headercompressioncanbedoneon a link-by-link
basisto overcomethis weakness.Finally, packetswith compressedheadersmaybemul-
tiplexed into a singleRTP/UDP/IPpacket andtunneledover several hopsto a common
destination.

RTP Tunneling. For real-timetransportin theInternet,theReal-TimeTransportProto-
col (RTP) [2] is used.TheRTP headercomprises12 bytes. It carriesa synchronization
sourceidentifier (SSRC),a timestamp,a sequencenumber, andsomeflags. It provides
informationto resynchronizedifferentstreamswithin an application.Theport numbers
of thecommunicatingapplicationsat thesenderandthereceivermachinearequalifiedin
theUserDatagramProtocol(UDP) [3]. Its headeris � byteslarge. Moreover, it records
thelengthof theUDP packet andprotectsit with a checksumagainsterrors.TheIP pro-
tocolheadercarriestheaddressesof thesourceandthedestinationmachine.In theold IP
version4 (IPv4) [4], theheadercomprises��� bytes,thereof � octetsfor eachIP 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]
spends�#� octetsperIP addressandhasa headersizeof ��� bytes.We usethis alternative
in our investigation.TheRTP/UDP/IPprotocolsuiteamountsto ��� byteswhile theaver-
agevoicepacket sizeis not even ��� byteslarge. This resultsinto a protocoloverheadof
morethan ������� .
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RTP/UDP/IP Header Compression. Whenreal-timedataareexchanged,mostof the
protocolfields do not changeduring the sessionlifetime andthe timestampandthe se-
quencenumberchangesteadily, e.g. by an incrementof 1. This is a prerequisitefor
headercompressionoverapoint-to-pointlink becauseit reliesexactlyonthisobservation
[6, 7, 8]. Theconstantandsteadilychangingdatacomposethesessionstatethatis mapped
to a connectionidentifier(CID) suchthatthecompleteheadercanbereconstructedfrom
theCID. Toestablishthecontext in thecompressorandthedecompressoratbothsidesof a
point-to-pointlink, a full headeris exchangedtogetherwith theCID. To make thesystem
morerobust,full headersaretransmittedwith regulardistancebut undergoodconditions,
this is doneonly oncefor 256frames.RTP/UDP/IPheadercompressionworksonly on a
link-by-link basisbecauseof thecompressedheader. Without an IP header, packetscan
notberoutedthroughanarbitrarytransitIP network.

RTP Multiplexing . A meansto overcomethishandicapis to applyheadercompression
betweentwo arbitrarily distantpeersandto transportseveralof the compressedpackets
in a singleIP packet to thedestination.This is calledmultiplexing. Figure2 shows the
advantageof multiplexing techniquesin an IP network over pureheadercompression.
Theresultingpacket hasanordinaryIP headerandcanbecarriedtransparentlythrough
theInternet.
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Figure2: Headercompressionversusmultiplexing.

The presentInternetdraft for multiplexing compressedRTP packets[9] is basedon
anenhancedRTP/UDP/IPheadercompressionalgorithm[7, 10] anda layerindependent
multiplexing protocol[11, 12]. A further compressionstepreducesthesizeof themul-
tiplexing layer [13]. This kind of multiplexing requiresto collectseveralsampleswith a
compressedheaderfor theresultingIP packet. Thetime for thatmustbelimited to avoid
additionaldelaysfor the transporteddata. This yieldssomeinterestingperformancebe-
havior thathavebeenstudiedin [14, 15, 16]. TheATM AdaptationLayerType2 (AAL2)
[17, 18] is basicallythe sameapproachfor ATM systemsandexhibits similar tradeoffs
[19, 20].
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3 HeaderCompressionin MPLS Networks

In therecentyears,researchhasconcentratedon thetransportof real-timedatain packet
switchednetworks. In IP networks, the IntServ [21] andDiffServ [22] approachseem
to bepromising.However, they lack powerful traffic engineeringmechanismto perform
routepinning, load sharing,fast rerouting,andothers. To facilitate this, Multiprotocol
LabelSwitching(MPLS) [23] is introduced.MPLSestablishesvirtual tunnelsusingonly
a small label for packet forwarding. Therefore,it offers itself asa tunnelingtechnology
with little headeroverhead.It maybeusedin conjunctionwith IP networksandis suited
for carryingreal-timedatawith compressedheaderinformation.

3.1 SomeBasicsabout MPLS

MPLS is a mechanismto allow packet switching insteadof routing over any network
layer protocol [23]. A label switchedpathin MPLS representsa connection.The first
labelswitchingrouter(LSR) equipsthe IP packet with a labelof . bytesandsendsit to
thenext LSR. TheLSRsclassifya packet accordingto its incominginterfaceandlabel.
Basedon this information, label swappingis performedandthe packet is forwardedto
theparticularoutgoinginterface.ThelastLSRonly removesthelabelfrom theIP packet
header. In practice,routersarecapableto bothIP routingandMPLS labelswitching.

MPLSis oftenviewedasmodifiedversionof theAsynchronousTransferMode(ATM)
with variablecell size. But thereis a profounddifference:ATM enableswith its virtual
connectionandvirtual pathconceptatwo-fold aggregationwhile MPLSallowsfor many-
fold aggregationusingmultiple labelstacking,i.e. anLSPmaybetransportedover other
LSPs.This featuremaybeexploitedfor scalablenetwork structures[24].

3.2 The Useof HeaderCompressionwith MPLS

As we have seenin the previous section,the transmissionof low-bitratereal-timedata
is inefficient if the sizeof the headerleadsto a small network utilization by userdata.
Headercompressionmitigatesthe problemat the expenseof losing the IP headersuch
that the packet can only be transportedon a point-to-pointbasisusing anotherspecial
layer2 transportprotocollikePPP.

We proposeto useMPLS for that purposeinsteadbecausethe labelsaresmall and
MPLS is recommendedfor traffic engineeringpurposesanyway. We establishthecom-
pressorandthe decompressorat the ingressandegressof an LSP. The LSP is a virtual
tunnelsthat is ableto carry packetswith compressedheaderstransparentlyover several
IP hops. This ideahasbeenworked out in [25, 26]. Not only the RTP/UDP/IPheader
suitecanbecompressedbut alsoapartof thelabelstackif multiple labelstackingis used.
Accordingto thedraft, theseheaderscanbereducedto 2 or 4 bytesincludingtheCID.

On theonehandit is evident that this would increasethenetwork utilization by user
databut on the otherhandthe useof headercompressionis costly. To operateat high
speed,specialpurposehardwaremustbe designedandcompressorsanddecompressors
mustwork reliably evenin caseof packet lossesandothernetwork failures.Therefore,it
is importantto estimatetheperformancegainattainedby headercompressionin orderto
balancetheexpensesagainsttheexpectedbenefits.
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4 Numerical Resultsfor PerformanceTradeoffs

In this section,we comparethe admissibleload for voice traffic in termsof userdata
on a link with andwithout headercompression.We arguethat the performancegain is
morethanintuitively expectedandillustratethereasonfor thaton thebasisof a tradeoff
observedwith a64 kbpscircuit switcheddataservice.

4.1 PerformanceGain by HeaderCompression

We considervoice streamscodedwith 12 kbpssuchthat every 20 mseca frameof 30
bytesis transmitted.TheconventionalRTP/UDP/IP/MPLSprotocolsuiteyieldsa header
sizeof 64 bytes(=94 bytesburst size)while headercompressionallows to work with
compressedheaderof 4 bytes.ThesesaretunneledthroughanLSPequippedwith a label
of 4 bytessuchthattheresultingburstare38 byteslong.
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Figure3: The performancegain by headercompression(HC) is more thanthe reduced
meanrate.

Voicetransmissionwithout headercompressionis clearly inferior to theheadercom-
pressionalternative. It is obvious that the grossrateof a streamis reducedfrom 37.6
kbpsto 15.2 kbps,hence,we expectan increaseof network utilization by userdataof
147%.However, aswecanseein Figure3 theactualgrowth is evenlarger, especiallyfor
low-bandwidthlinks. This factis dueto thereducedpacket size.

4.2 Influenceof Burstinessand Protocol Overhead

Theaboveobservedphenomenoncanbeillustratedevenmoreclearlyby a64kbpscircuit
switcheddataservice(CSD)emulationoverIP. Onepacket is assembledpertransmission
time interval (TTI) andsentover the network. For a TTI=20 msec,the resultinguser
payloadsizeis 160byteslarge. We investigatetheperformanceof thesystemdepending
onthedurationof TTI which is proportionalto theresultingburstsize.Again,thenormal
headersizeis 64 bytes,thesizefor ancompressedheadertunneledby anLSPis 8 bytes
large.
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Figure4 shows thatanoptimumTTI exists for thetransmissionof CSD.This canbe
explainedasfollows. For decreasingTTIs, theratiobetweenuserpayloadsizeandheader
sizedecreases,too, which hasdirect impacton the critical net load in the system. For
increasingTTIs, theassembledpacket sizerisesandtheincreasedburstinessreducesthe
critical grossloadon thelink. Hence,theremustbea TTI thatmaximizesthecritical net
load. The graphcontraststhe critical load for links with a bandwidthof 1 and4 Mbps.
Theconclusionis thattheoptimumTTI dependsonthebandwidthof thecarriernetwork.
A similar behavior is observed for a 4 Mbps link with andwithout headercompression.
Thecritical net loadis clearlyoptimized(seeFigure5) but theheadercompressiondoes
notdisplacetheoptimumvaluefor TTI.
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The experimentswith CSD traffic prove that solely increasedburstiness(even with
slightly decreasedmeanrate)have an adverseimpacton the critical grossload and its
effectdependsonthebandwidth.Hence,thebenefitof headercompressionis notonly the
smallermeanratebut alsothereducedburstinessof thestreams.Thefirst onecontributes
to a higheruserproportionin the grossdataandthe secondoneallows a larger critical
grossload in thesystem.That’s why theprofit of headercompressionis morethanone
would intuitively expect.

5 Conclusion

In this work we have proposedto compressRTP/UDP/IP/MPLSheadersfor low-bitrate
real-timetraffic in MPLS networks. An adaptationof existing headercompressionap-
proachesis requiredandtheir applicationto LSPsinsteadof point-to-pointlinks allows
to takeadvantageof its benefitsoverseveralhops.Headercompressionreducesthegross
rateof low-bitratestreamssuchthat the transmissioncapacityof networks increasesfor
voicetraffic by almost150%.For thetransportof circuit switcheddataservicesor other
multimediaapplicationsit is importantto choosea suitedpacket sizeto increasethenet-
work performance.This alsomotivatesthepositive impactof reduceddataburstinessin
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thepresenceof headercompressionwhich leadsto a morethanintuitively expectedper-
formancegainonlow-bandwidthaccesslinks. Apart from traffic engineeringcapabilities,
this finding is anotherreasonto useMPLS in futurenetworks.
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