
InternetEngineeringTaskForce AVT WorkingGroup
INTERNET-DRAFT Mark Handley/Colin Perkins
draft-ietf-avt-rtp-format-guidelines-02.ps ACIRI/UCL

April 22,1999
Expires:Oct1999

Guidelinesfor Writers of RTP PayloadFormat Specifications

Statusof this Memo

Thisdocumentis anInternet-Draftandis in full conformancewith all provisionsof Section10of RFC2026.
Internet-Draftsare working documentsof the InternetEngineeringTaskForce(IETF), its areas,and its
workinggroups.NotethatothergroupsmayalsodistributeworkingdocumentsasInternet-Drafts.

Internet-Draftsaredraft documentsvalid for a maximumof six monthsandmaybeupdated,replaced,or
obsoletedby otherdocumentsatany time. It is inappropriateto useInternet-Draftsasreferencematerialor
to cite themotherthanas“work in progress.”

Thelist of currentInternet-Draftscanbeaccessedathttp://www.ietf.org/ietf/1id-abstracts.txt

Thelist of Internet-DraftShadow Directoriescanbeaccessedat http://www.ietf.org/shadow.html.

Abstract

This documentprovidesgeneralguidelinesaimedat assistingthe authorsof RTP PayloadFormat
specificationsin decidingon goodformats.Theseguidelinesattemptto capturesomeof theexperience
gainedwith RTPasit evolvedduringits development.

1 Intr oduction

This documentprovidesgeneralguidelinesaimedat assistingtheauthorsof RTP [9] PayloadFormatspec-
ificationsin decidingon goodformats.Theseguidelinesattemptto capturesomeof theexperiencegained
with RTPasit evolvedduringits development.

2 Background

RTP wasdesignedaroundthe conceptof ApplicationLevel Framing(ALF), first describedby Clark and
Tennenhouse[2]. The key argumentunderlyingALF is that therearemany differentwaysan application
might beableto copewith misorderedor lost packets. Theserangefrom ignoring the loss,to re-sending
themissingdata(eitherfrom a buffer or by regeneratingit), andto sendingnew datawhich supersedesthe
missingdata.Theapplicationonly hasthis choiceif transportprotocolis dealingwith datain “Application
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DataUnits” (ADUs). An ADU containsdatathatcanbeprocessedout-of-orderwith respectto otherADUs.
ThustheADU is theminimumunit of errorrecovery.

Thekey propertyof a transportprotocolfor ADUs is thateachADU containssufficient informationto be
processedby thereceiver immediately. An exampleis avideostream,whereinthecompressedvideodatain
anADU mustbecapableof beingdecompressedregardlessof whetherpreviousADUs have beenreceived.
Additionally theADU mustcontain“header”informationdetailingits positionin thevideoimageandthe
framefrom which it came.

AlthoughanADU neednot bea packet, therearemany applicationsfor which a packet is a naturalADU.
SuchALF applicationshave thegreatadvantagethatall packetsthatarereceivedcanbeprocessedby the
applicationimmediately.

RTPwasdesignedaroundanALF philosophy. In thecontext of astreamof RTPdata,anRTPpacketheader
providessufficient informationto beableto identify anddecodethepacket irrespective of whetherit was
receivedin order, or whetherprecedingpacketshavebeenlost. However, theseargumentsonly holdgoodif
theRTPpayloadformatsarealsodesignedusinganALF philosophy.

Notethatthis alsoimpliessmart,network aware,end-points.An applicationusingRTPshouldbeawareof
thelimitationsof theunderlyingnetwork, andshouldadaptits transmissionto matchthoselimitations.Our
experienceis that a smartend-pointimplementationcanachieve significantlybetterperformanceon real
IP-basednetworksthananaive implementation.

3 ChannelCharacteristics

Weidentify thefollowing channelcharacteristicsthatinfluencethebest-effort transportof RTPoverUDP/IP
in theInternet:

� Packetsmaybelost

� Packetsmaybeduplicated

� Packetsmaybereorderedin transit

� Packetswill befragmentedif they exceedtheMTU of theunderlyingnetwork

Thelosscharacteristicsof a link mayvarywidely over shorttime intervals.

Althoughfragmentationis not a disastrousphenomenaif it is a rareoccurrence,relying on IP fragmenta-
tion is a baddesignstrategy asit significantlyincreasestheeffective lossrateof a network anddecreases
goodput. This is becauseif one fragmentis lost, the remainingfragments(which have usedup bottle-
neckbandwidth)will thenneedto bediscardedby the receiver. It alsoputsadditionalloadon the routers
performingfragmentationandon theend-systemsre-assemblingthefragments.

In addition,it is notedthat the transittime betweentwo hostson the Internetwill not beconstant.This is
dueto two effects- jitter causedby beingqueuedbehindcross-traffic, androutingchanges.Theformer is
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possibleto characteriseandcompensatefor by usinga playoutbuffer, but thelatteris impossibleto predict
anddifficult to accommodategracefully.

4 Guidelines

Weidentify thefollowing requirementsof RTPpayloadformatspecifications:

� A payloadformat shouldbe devisedso that the streambeingtransportedis still usefuleven in the
presenceof a moderateamountof packet loss.

� Ideally all thecontentsof every packet shouldbepossibleto bedecodedandplayedout irrespective
of whetherprecedingpacketshave beenlost or arrive late.

Thefirst of theserequirementsis basedonthenatureof theinternet.Althoughit maybepossibleto engineer
partsof the internetto producelow loss ratesthroughcarefulprovisioning or the useof non-best-effort
services,asa rule payloadformatsshouldnotbedesignedfor thesespecialpurposeenvironments.Payload
formatsshouldbedesignedto beusedin thepublic internetwith besteffort service,andthusshouldexpect
to seemoderatelossrates.For example,a 5% lossrateis not uncommon.We notethatTCPsteadystate
models[3][4][6] indicatethata5%lossratewith a1KBytepacketsizeand200msround-triptimewill result
in TCPachieving a throughputof around180Kb/s.Higherlossrates,smallerpacket sizes,or a largerRTT
arerequiredto constrainTCPto lower datarates.For themostpart,it is suchTCPtraffic that is producing
the backgroundloss that many RTP flows must co-exist with. Without explicit congestionnotification
(ECN)[8], lossmustbeconsideredanintrinsicpropertyof best-effort partsof theInternet.

Wherepayloadformatsdo not assumepacket losswill occur, they shouldstatethis explicitly up front, and
they will beconsideredspecialpurposepayloadformats,unsuitablefor useon thepublic internetwithout
specialsupportfrom thenetwork infrastructure.

Thesecondof theserequirementsis moreexplicit abouthow RTPshouldcopewith loss.If anRTPpayload
format is properlydesigned,every packet that is actuallyreceivedshouldbeuseful. Typically this implies
thefollowing guidelinesareadheredto:

� Packet boundariesshouldcoincidewith codecframe boundaries.Thus a packet shouldnormally
consistof oneor morecompletecodecframes.

� A codec’sminimumunit of datashouldneverbepacketisedsothatit crossedapacketboundaryunless
it is largerthantheMTU.

� If a codec’s frame size is larger than the MTU, the payloadformat mustnot rely on IP fragmen-
tation. Insteadit must defineits own fragmentationmechanism.Suchmechanismsmay involve
codec-specificinformationthatallows decodingof fragments.Alternatively they might allow codec-
independentpacket-level forwarderrorcorrection[5] to beappliedthatcannotbeusedwith IP-level
fragmentation.
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In the abstract,a codecframe(i.e., the ADU or the minimum sizeunit that hassemanticmeaningwhen
handedto the codec)canbe of arbitrarysize. For PCM audio, it is onebyte. For GSM audio,a frame
correspondsto 20msof audio. For H.261video, it is a Groupof Blocks (GOB), or onetwelfth of a CIF
videoframe.

For PCM,it doesnotmatterhow audiois packetised,astheADU sizeis onebyte.For GSMaudio,arbitrary
packetisationwould split a 20msframeover two packets,which would meanthat if onepacket werelost,
partialframesin packetsbeforeandafterthelossaremeaningless.Thismeansthatnotonly werethebits in
themissingpacket lost,but alsothatadditionalbits in neighbouringpacketsthatusedbottleneckbandwidth
wereeffectively alsolost becausethe receiver mustthrow themaway. Instead,we would packetiseGSM
by includingseveralcompleteGSM framesin a packet; typically four GSM framesareincludedin current
implementations.Thus every packet received can be decodedbecauseeven in the presenceof loss, no
incompleteframesarereceived.

TheH.261specificationallows GOBsto beup to 3KByteslong,althoughmostof thetime they aresmaller
thanthis. It mightbethoughtthatweshouldinsertagroupof blocksinto apacketwhenit fits,andarbitrarily
split the GOB over two or morepacketswhena GOB is large. In the first versionof the H.261payload
format,this is whatwasdone.However, this still meansthat therearecircumstanceswhereH.261packets
arrive at the receiver andmustbediscardedbecauseotherpacketswerelost - a lossmultiplier effect that
wewish to avoid. In facttherearesmallerunitsthanGOBsin theH.261bit-streamcalledmacroblocks,but
they arenot identifiablewithoutparsingfrom thestartof theGOB.However, if weprovidealittle additional
informationat the start of eachpacket, we can re-instateinformation that would normally be found by
parsingfrom thestartof theGOB,andwe canpacketiseH.261by splitting thedatastreamon macroblock
boundaries.This is a lessobviouspacketisationfor H.261thantheGOBpacketisation,but it doesmeanthat
aslightly smarterdepacketiserat thereceiver canreconstructavalid H.261bitstreamfrom astreamof RTP
packetsthathasexperiencedloss,andnothave to discardany of thedatathatarrived.

An additionalguidelineconcernscodecsthatrequirethedecoderstatemachineto keepstepwith theencoder
statemachine.Many audiocodecssuchasLPC or GSM areof this form. Typically they arelosstolerant,
in thataftera loss,thepredictorcoefficientsdecay, sothatafteracertainamountof time,thepredictorerror
inducedby thelosswill disappear. Mostcodecsdesignedfor telephony servicesareof thisformbecausethey
weredesignedto copewith bit errorswithout the decoderremainingin permanenterror. Justpacketising
theseformatssothatpacketsconsistof integermultiplesof codecframesmaynot beoptimal,asalthough
thepacket received immediatelyaftera packet losscanbedecoded,thestartof theaudiostreamproduced
will be incorrect(andhencedistort the signal)becausethe decoderpredictoris now out of stepwith the
encoder. In principle,all of thedecoder’s internalstatecouldbeaddedusinga headerattachedto thestart
of every packet, but for lower bit-rateencodings,this stateis so substantialthat the bit rate is no longer
low. However, acompromisecanusuallybefound,whereagreatlyreducedform of decoderstateis sentin
every packet, which doesnot recreatetheencoderspredictorprecisely, but doesreducethemagnitudeand
durationof thedistortionproducedwhenthepreviouspacket is lost. Suchcompressedstateis by definition,
verydependenton thecodecin question.Thuswerecommend:

� Payloadformatsfor encodingswherethedecodercontainsinternaldata-drivenstatethatattemptsto
track encoderstateshouldnormally considerincluding a small additionalheaderthat conveys the
mostcritical elementsof thisstateto reducedistortionafterpacket loss.
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A similar issueariseswith codecparameters,andwhetheror not they shouldbe includedin the payload
format. An exampleis with a codecthathasa choiceof huffman tablesfor compression.Thecodecmay
useeitherhuffmantable1 or table2 for encodingandthereceiverneedsto know this informationfor correct
decoding.Thereareanumberof waysin which thiskind of informationcanbeconveyed:

� Outof bandsignalling,prior to mediatransmission.

� Out of bandsignalling,but theparametercanbechangedmid-session.This requiressynchronization
of thechangein themediastream.

� The changeis signaledthrougha changein theRTP payloadtype field. This requiresmappingthe
parameterspaceinto particularpayloadtypevaluesandsignallingthis mappingout-of-bandprior to
mediatransmission.

� Including the parameterin the payloadformat. This allows for adaptingthe parameterin a robust
manner, but makesthepayloadformatlessefficient.

Which mechanismto usedependson the utility of changingthe parameterin mid-sessionto supportap-
plication layeradaptation.However, usingout-of-bandsignallingto changea parameterin mid-sessionis
generallyto be discourageddueto this problemsof synchronizingthe parameterchangewith the media
stream.

4.1 RTP HeaderExtensions

Many RTP payloadformatsrequiresomeadditionalheaderinformationto be carriedin addition to that
includedin the fixed RTP packet header. The recommendedway of conveying this informationis in the
payloadsectionof the packet. The RTP headerextensionshouldnot be usedto convey payloadspecific
information([9],section5.3)sincethis is inefficient in its useof bandwidth;requiresthedefinitionof anew
RTP profile or profile extension;andmakesit difficult to employ FECschemessuchas,for example,[7].
Useof anRTPheaderextensionis only appropriatefor caseswheretheextensionin questionappliesacross
awide rangeof payloadtypes.

4.2 HeaderCompression

Designersof payloadformatsshouldalsobe awareof the needsof RTP headercompression[1]. In par-
ticular, thecompressionalgorithmfunctionsbestwhentheRTP timestampincrementsby a constantvalue
betweenconsecutive packets. Payloadformatswhich rely on sendingpacketsout of order, suchthat the
timestampincrementis notconstant,arelikely to compresslesswell thanthosewhichsendpacketsin order.
This hasmostoften beenan issuewhendesigningpayloadformatsfor FEC information,althoughsome
videocodecsalsorely on out-of-ordertransmissionof packetsat theexpenseof reducedcompression.Al-
thoughin somecasessuchout-of-ordertransmissionmaybethebestsolution,payloadformatdesignersare
encourageto look for alternative solutionswherepossible.
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5 Summary

Designingpacket formatsfor RTPis notatrivial task.Typically adetailedknowledgeof thecodecinvolved
is requiredto beableto designaformatthatis resilientto loss,doesnot introducelossmagnificationeffects
dueto inappropriatepacketisation,anddoesnot introduceunnecessarydistortionafter a packet loss. We
believe that considerableeffort shouldbe put into designingpacket formatsthat arewell tailored to the
codecin question.Typically this requiresa very smallamountof processingat thesenderandreceiver, but
theresultcanbegreatlyimprovedqualitywhenoperatingin typical internetenvironments.

Designersof new codecsfor usewith RTPshouldconsidermakingtheoutputof thecodec“naturallypacke-
tizable”. Thisimpliesthatthecodecshouldbedesignedto produceapacketstream,ratherthanabit-stream;
andthatthatpacketstreamcontainstheminimalamountof redundancy necessaryto ensurethateachpacket
is independentlydecodablewith minimal lossof decoderpredictortracking.It is recognisedthatsacrificing
somesmallamountof bandwidthto ensuregreaterrobustnessto packet lossis oftenaworthwhiletradeoff.

It is hopedthat,in the long run, new codecsshouldbeproducedwhich canbedirectly packetised,without
thetroubleof designingacodec-specificpayloadformat.

It is possibleto designgenericpacketisationformatsthatdonotpayattentionto theissuesdescribedin this
document,but suchformatsareonly suitablefor specialpurposenetworkswherepacket losscanbeavoided
by carefulengineeringat thenetwork layer, andarenotsuitedto currentbest-effort networks.
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