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Guidelinesfor Writers of RTP Payload Format Specifications

Statusof this Memo

Thisdocuments aninternet-Draftandis in full conformancevith all provisionsof Sectionl0of RFC2026.
Internet-Draftsare working documentf the InternetEngineeringTask Force (IETF), its areas,and its
working groups.Notethatothergroupsmay alsodistribute working documentssinternet-Drafts.

Internet-Draftsaredraft documentsvalid for a maximumof six monthsand may be updatedreplacedor
obsoletedy otherdocumentstary time. It is inappropriatdo uselnternet-Draftsasreferencenaterialor
to cite themotherthanas“work in progress.

Thelist of currentinternet-Draftscanbe accessedt http://wwwietf.om/ietf/lid-abstracts txt

Thelist of Internet-DraftShadev Directoriescanbeaccessedt http://wwwietf.org/shadw.html.

Abstract

This documentprovidesgeneralguidelinesaimedat assistingthe authorsof RTP PayloadFormat
specificationsn decidingon goodformats. Theseguidelinesattemptto capturesomeof the experience
gainedwith RTP asit evolvedduringits development.

1 Intr oduction

This documenprovidesgeneralguidelinesaimedat assistinghe authorsof RTP [9] PayloadFormatspec-
ificationsin decidingon goodformats. Theseguidelinesattemptto capturesomeof the experiencegained
with RTP asit evolved duringits development.

2 Background

RTP wasdesignedaroundthe conceptof Application Level Framing(ALF), first describedoy Clark and
Tennenhouse]2 The key agumentunderlyingALF is thatthereare mary differentwaysan application
might be ableto copewith misorderedor lost paclets. Theserangefrom ignoringthe loss, to re-sending
the missingdata(eitherfrom a buffer or by regeneratingt), andto sendingnew datawhich supersedethe
missingdata. The applicationonly hasthis choiceif transportprotocolis dealingwith datain “Application
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DataUnits” (ADUs). An ADU containdatathatcanbeprocessedut-of-ordemwith respecto otherADUs.
Thusthe ADU is the minimumunit of errorrecovery.

Thekey propertyof a transportprotocolfor ADUs is thateachADU containssufiicientinformationto be
processethy thereceverimmediately An exampleis avideostreamwhereinthecompressedideodatain
anADU mustbe capableof beingdecompressegtgardlesof whethemprevious ADUs have beenreceved.
Additionally the ADU mustcontain“header’informationdetailingits positionin the videoimageandthe
framefrom whichit came.

Althoughan ADU neednot be a paclet, therearemary applicationsor which a pacletis a naturalADU.
SuchALF applicationshave the greatadwvantagethat all pacletsthatarerecevved canbe processedy the
applicationimmediately

RTPwasdesignediroundanALF philosophy In thecontext of astreamof RTP data,anRTP pacletheader
providessuficient informationto be ableto identify anddecodethe paclet irrespectre of whetherit was
recevedin order or whethemprecedingpacletshave beenlost. However, theseargumentsonly hold goodif
the RTP payloadformatsarealsodesignedisingan ALF philosophy

Notethatthis alsoimplies smart,network aware,end-points An applicationusingRTP shouldbe awareof
thelimitationsof theunderlyingnetwork, andshouldadaptits transmissiorio matchthoselimitations. Our
experienceis that a smartend-pointimplementationcan achieve significantly betterperformanceon real
IP-basedetworksthananaive implementation.

3 Channel Characteristics

We identify thefollowing channetharacteristicthatinfluencethe best-efort transporof RTP over UDP/IP
in theInternet:

e Packetsmaybelost
e Packetsmaybeduplicated
e Packetsmaybereorderedn transit

e Pacletswill befragmentedf they exceedthe MTU of the underlyingnetwork

Thelosscharacteristicsf alink mayvary widely over shorttime intenals.

Although fragmentationis not a disastrougpphenomend it is a rareoccurrencerelying on IP fragmenta-
tion is a baddesignstratgy asit significantlyincreaseshe effective lossrate of a network anddecreases
goodput. This is becausef one fragmentis lost, the remainingfragments(which have usedup bottle-
neckbandwidth)will thenneedto be discardedy the recever. It alsoputsadditionalload on the routers
performingfragmentatiorandon the end-systemse-assemblinghe fragments.

In addition,it is notedthatthe transittime betweerntwo hostson the Internetwill not be constant.Thisis
dueto two effects- jitter causeddy beingqueuedbehindcross-trdic, androuting changesTheformeris
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possibleto characterisandcompensatéor by usinga playoutbuffer, but thelatteris impossibleto predict
anddifficult to accommodatgracefully

4 Guidelines

We identify thefollowing requirement®f RTP payloadformatspecifications:

¢ A payloadformat shouldbe devised so that the streambeingtransporteds still usefulevenin the
presencef amoderateamountof pacletloss.

¢ Ideally all the contentsof every paclet shouldbe possibleto be decodedandplayedoutirrespectie
of whethemprecedingpacletshave beenlost or arrive late.

Thefirst of theserequirementss basednthenatureof theinternet.Althoughit maybepossibleto engineer
partsof the internetto producelow lossratesthroughcareful provisioning or the useof non-best-dbrt
servicesasarule payloadformatsshouldnot be designedor thesespecialpurposeervironments.Payload
formatsshouldbe designedo beusedin the publicinternetwith besteffort service andthusshouldexpect
to seemoderatdossrates. For example,a 5% lossrateis not uncommon.We notethat TCP steadystate
models[3[4][6] indicatethata 5% lossratewith a 1KByte paclet sizeand200msround-triptime will result
in TCP achieving athroughputof around180Kb/s.Higherlossrates,smallerpaclet sizes,or alargerRTT
arerequiredto constrainT CP to lower datarates.For the mostpart, it is suchTCPtraffic thatis producing
the backgroundoss that mary RTP flows must co-exist with. Without explicit congestionnatification
(ECN)I[8], lossmustbe considerednintrinsic propertyof best-efort partsof the Internet.

Wherepayloadformatsdo not assumepaclet losswill occur they shouldstatethis explicitly up front, and
they will be consideredspecialpurposepayloadformats,unsuitablefor useon the public internetwithout
specialsupportfrom the network infrastructure.

Thesecondf theserequirementss moreexplicit abouthow RTP shouldcopewith loss. If anRTP payload
formatis properlydesignedevery paclet thatis actuallyreceved shouldbe useful. Typically this implies
thefollowing guidelinesareadheredo:

e Paclket boundariesshould coincidewith codecframe boundaries. Thus a paclet shouldnormally
consistof oneor morecompletecodecframes.

¢ A codecs minimumunit of datashouldnever bepacletisedsothatit crossedpacletboundaryunless
it is largerthanthe MTU.

e If a codecs framesizeis larger thanthe MTU, the payloadformat mustnot rely on IP fragmen-
tation. Insteadit mustdefineits own fragmentationmechanism. Such mechanismsnay involve
codec-specifilmformationthatallows decodingof fragments Alternatively they mightallow codec-
independenpaclet-level forward error correction[3 to be appliedthat cannotbe usedwith IP-level
fragmentation.
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In the abstracta codecframe (i.e., the ADU or the minimum size unit that hassemanticmeaningwhen
handedto the codec)canbe of arbitrarysize. For PCM audio, it is one byte. For GSM audio, a frame
correspondso 20msof audio. For H.261video, it is a Groupof Blocks (GOB), or onetwelfth of a CIF
videoframe.

For PCM, it doesnotmatterhow audiois pacletised,asthe ADU sizeis onebyte. For GSMaudio,arbitrary
pacletisationwould split a 20msframe over two paclets, which would meanthatif one paclet werelost,
partialframesin pacletsbeforeandafterthelossaremeaninglessThis meanghatnotonly werethebitsin

themissingpacletlost, but alsothatadditionalbitsin neighbouringpacletsthatusedbottleneckbandwidth
wereeffectively alsolost becausdhe recever mustthrov themaway. Insteadwe would pacletise GSM

by including several completeGSM framesin a paclet; typically four GSM framesareincludedin current
implementations. Thus every paclet receved can be decodedbecauseaven in the presenceof loss, no
incompleteframesarereceved.

TheH.261specificatiorallows GOBsto be up to 3KByteslong, althoughmostof thetime they aresmaller
thanthis. It mightbethoughtthatwe shouldinserta groupof blocksinto apacletwhenit fits, andarbitrarily

split the GOB over two or more pacletswhena GOB is large. In the first versionof the H.261 payload
format, this is whatwasdone. However, this still meanghattherearecircumstancesvhereH.261 paclets
arrive at therecever andmustbe discardedecausetherpacletswerelost - a lossmultiplier effect that
we wish to avoid. In facttherearesmallerunitsthanGOBsin the H.26 1 bit-streamcalledmacroblocksbut

they arenotidentifiablewithout parsingfrom the startof the GOB. However, if we provide alittle additional
information at the startof eachpaclet, we can re-instateinformation that would normally be found by

parsingfrom the startof the GOB, andwe canpacletiseH.261 by splitting the datastreamon macroblock
boundariesThisis alessobvious pacletisationfor H.261thanthe GOB pacletisation but it doesmeanthat
aslightly smarterdepacktiserattherecever canreconstruct valid H.261bitstreamfrom a streamof RTP

pacletsthathasexperiencedoss,andnot have to discardary of thedatathatarrived.

An additionalguidelineconcerngodecghatrequirethedecodestatemachineo keepstepwith theencoder
statemachine.Many audiocodecssuchasLPC or GSM areof this form. Typically they arelosstolerant,
in thatafteraloss,the predictorcoeficientsdecay sothataftera certainamountof time, the predictorerror
inducedby thelosswill disappearMostcodecsiesignedor telephon servicesareof thisform because¢hey
weredesignedo copewith bit errorswithout the decoderemainingin permanengerror Justpacletising
theseformatssothat pacletsconsistof integer multiplesof codecframesmay not be optimal, asalthough
the paclet recevedimmediatelyaftera paclet losscanbe decodedthe startof the audiostreamproduced
will be incorrect(andhencedistort the signal) becausehe decoderpredictoris now out of stepwith the
encoder In principle,all of the decodes internalstatecould be addedusinga heademattachedo the start
of every paclet, but for lower bit-rate encodingsthis stateis so substantiathat the bit rateis no longer
low. However, acompromisecanusuallybefound,wherea greatlyreducedorm of decodesstateis sentin
every paclet, which doesnot recreatehe encoderpredictorprecisely but doesreducethe magnitudeand
durationof thedistortionproducedvhenthepreviouspacletis lost. Suchcompressedtateis by definition,
very dependenbn the codedn question.Thuswe recommend:

e Payloadformatsfor encodingsvherethe decodercontainsinternaldata-drien statethatattemptgo
track encoderstateshould normally considerincluding a small additionalheaderthat corveys the
mostcritical elementof this stateto reducedistortionafter paclet loss.
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A similar issueariseswith codecparametersandwhetheror not they shouldbe includedin the payload
format. An exampleis with a codecthathasa choiceof huffmantablesfor compressionThe codecmay
useeitherhuffmantablel ortable2 for encodingandtherecever needgo know thisinformationfor correct
decoding.Therearea numberof waysin whichthiskind of informationcanbe corveyed:

e Outof bandsignalling,prior to mediatransmission.

¢ Outof bandsignalling,but the parametecanbe changednid-sessionThis requiressynchronization
of thechangen the mediastream.

e Thechangés signaledthrougha changen the RTP payloadtype field. This requiresmappingthe
parametespacdnto particularpayloadtype valuesandsignallingthis mappingout-of-bandprior to
mediatransmission.

¢ Including the parametein the payloadformat. This allows for adaptingthe parametein a robust
manner but makesthe payloadformatlessefficient.

Which mechanisnto usedependson the utility of changingthe parametein mid-sessiorto supportap-
plicationlayer adaptation.However, usingout-of-bandsignallingto changea parametein mid-sessioris
generallyto be discouragediue to this problemsof synchronizingthe parametechangewith the media
stream.

4.1 RTP HeaderExtensions

Many RTP payloadformatsrequire someadditionalheaderinformationto be carriedin additionto that
includedin the fixed RTP paclet header The recommendedvay of corveying this informationis in the
payloadsectionof the paclet. The RTP headerextensionshouldnot be usedto corvey payloadspecific
information([9],section5.3) sincethisis inefficientin its useof bandwidth;requireshedefinitionof anewv
RTP profile or profile extension;and makesit difficult to emplgy FEC schemesuchas,for example,[7].
Useof anRTP headeextensionis only appropriatdor casesvherethe extensionin questionappliesacross
awide rangeof payloadtypes.

4.2 HeaderCompression

Designersf payloadformatsshouldalsobe aware of the needsof RTP headercompressionjl]. In par
ticular, the compressioralgorithmfunctionsbestwhenthe RTP timestampgncrementdy a constantvalue
betweenconsecutie paclets. Payloadformatswhich rely on sendingpaclets out of order suchthatthe
timestampncrementis notconstantarelikely to compressesswell thanthosewhich sendpacletsin order
This hasmostoften beenan issuewhendesigningpayloadformatsfor FEC information, althoughsome
video codecsalsorely on out-of-ordertransmissiorof pacletsat the expenseof reducedcompressionAl-
thoughin somecasesuchout-of-ordertransmissiormay bethe bestsolution,payloadformatdesignersare
encouragéo look for alternatve solutionswherepossible.
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5 Summary

Designingpaclet formatsfor RTPis notatrivial task. Typically adetailedknowvledgeof the codecinvolved
is requiredto beableto designaformatthatis resilientto loss,doesnotintroducelossmagnificatioreffects
dueto inappropriatgacletisation,and doesnot introduceunnecessargistortion after a paclet loss. We
believe that considerablesffort shouldbe put into designingpaclet formatsthat are well tailoredto the
codecin question.Typically this requiresa very smallamountof processingtthe sendemndrecever, but
theresultcanbe greatlyimproved quality whenoperatingn typical internetervironments.

Designer®f new codecdor usewith RTP shouldconsidemakingthe outputof the codec'naturally pacle-
tizable”. Thisimpliesthatthe codecshouldbedesignedo produceapaclet streamyatherthanabit-stream;
andthatthatpaclet streamcontainghe minimalamountof redundang necessaryo ensureghateachpaclet
is independentlyglecodablavith minimallossof decodeipredictortracking.lt is recognisedhatsacrificing
somesmallamountof bandwidthto ensuregreaterrobustnesgo pacletlossis oftenaworthwhiletradeof.

It is hopedthat,in thelong run, new codecsshouldbe producedwhich canbe directly pacletised,without
thetroubleof designinga codec-specifipayloadformat.

It is possibleto designgenericpacletisationformatsthatdo not pay attentionto theissuesdescribedn this
documentbut suchformatsareonly suitablefor specialpurposenetworkswherepacletlosscanbeavoided
by carefulengineeringat the network layer, andarenot suitedto currentbest-efort networks.
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