Notes on the use of RTP for shared workspace applications

Colin Perkins
Department of Computer Science
University College London
Gower Street
London WC1E 6BT

c.perkins@cs.ucl.ac.uk

ABSTRACT

The Real-timeTransportProtocol, RTP, hashecomethe dominant
protocolfor streamingaudioandvideoin IP-basecdervironments.
A numberof proposalshave beenmadewhich attemptto build on
this succesandapply RTP for sharedvorkspacepplications We
discusgheneedf suchapplicationsaandthefeaturegprovidedby
RTP, with anaim to shaving why RTP is not appropriateor such
uses.

1. INTRODUCTION

In recentyearsthe Real-time TransportProtocol, RTP [15], has
becomethe protocolof choicefor audio/videotransportin the In-

ternet.Oneof thereasondor this successs the flexibility of RTPR,

which wasdesignedasa protocolframework, ratherthana mono-
lithic protocol, allowing it to be tailoredto differentapplications
andmediaformats.

This flexibility hasled a numberof authorsto considerthe use
of RTP for otherscenariosnot necessarilyelatedto audio/video
transport. For example, it hasrecentlybeensuggestedhat RTP

may provide the basefor a protocolfor the transportof interactve

mediasuchassharedwvhiteboardg11]. In this paperwe provide a

critical evaluationof theapplicabilityof RTP for theseapplication-
s, hoting thoseareaswhereRTP is not a goodfit and suggesting
alternatve solutions.

This paperis structuredasfollows: section2 present@n overviev
of interactve mediaapplicationshighlighting their key functional
and protocolrequirements.This is followed, in sections3 and4,
by a discussiorof RTP andits suitability for theseapplications.In
section5 we discustherpossibleapproachedrinally we present
our conclusionsn section6.

2. INTERACTIVE MEDIA

Informally, aninteractve mediaapplicationis onewherethe state
of thesystemchangeprimarily in responseo userinteraction.Ex-
amplesncludeasharedvhiteboardor text editor, adistributedpre-
sentatiortool, or anetworked multiplayergame.lt doesnotinclude
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audioor video,sincethosemediaareprimarily time related rather
thanrespondingo explicit userevents.

A moreformal classificationof mediaflows is presentedn [11].
That work definesinteractve mediato be thosewhich canbe in-
fluencedby eventsexternalto the media,andsplits this definition
into two: discreteinteractve mediaareonly influencedby external
events, continuousinteractve mediaalso changetheir stateover
time without externalinteraction. In contrast,non-interactie me-
dia changetheir stateover time irrespectve of externalevents.

This leadsto animportantobsenration: interactve mediaapplica-
tions have a multi-dimensionaktatespacebasecdn bothtime and
thesetof externaleventswhich mayaffectthe systemwhereaghe
statespacdor non-interactie mediais linear.

Consider for example,a sharedpresentatioriool. This may have
time-basedtate(e.g.ananimationor anaudio/videcclip), ephemer
al statebasedon userinteraction(e.g. a telepointerjandpersistent
state(e.g.thetext anddiagramscomprisingthe presentation)This
isin contrasto anon-interactie mediaapplicationsuchasstream-
ing video,wheremediaframesarepresentedn time orderwith no
otherinteraction.

There are a numberof consequensedue to theseobsenations.
Firstly, we notethata singlelinearnamespaces not suficientto i-
dentify stateupdatesn aninteractive mediaapplication sincethese
updatesnaybetriggeredby a combinationof factors.

Lossdetectiorandreliability becomesnorecomple in interactive

mediaapplicationssincethereis no longera singlelinear names-
pacefor objectsandsincesomeobjectsarepersistentln addition,
aninteractve mediaapplicationmustbe awareof the possibility of

conflicting updates sincethe stateof the systemmay be affected
by multiple externaleventssimultaneouslycomplicatingary reli-

ability mechanism.

Handlinglatejoinersbecomesnorecomple, sincethe stateof the
systenmolongerdependsolelyonwhenthey joined,but alsoupon
thesharedapplicationstateat thattime.

Finally, we notethatinteractve mediahave partialratherthanstrict
dataorderingrequirementswith latedatabeinguseful,andbrows-
ing beingcommon.

Theseobserationsrapidly leadto the conclusiorthata singlepro-
tocol is unlikely to be sufficient for the full rangeof interactve
mediaapplications. Indeed,mary authors[3; 4; 5; 6] have con-



cludedthatapplicationlevel framing[2] is a requirementor such
applications.

Thereare,however, anumberof featuresn commonacrossbroad
rangeof interactve mediaapplicationsandthosefeaturescanpo-
tentially be abstractednto a commonprotocolframework. In par
ticular, it hasbeenobseredthatmary applicationseedstructured
applicationdataunit (ADU) nameg12], a simple mechanisnfor
the detectionof paclet loss, a meansof distinguishingdifferent
typesof data,a meanf identifying participantsandatimestamp-
ing mechanism.

It hasalsobeenobseredthatit is not necessaryo includecommon
reliability anderrorrecorery schemespr mechanismgor handling
late joiners, sinceapplicationshave a wide and disjoint rangeof
requirementén theseareas.

3. OVERVIEW OF RTP

RTPis a protocolframevork designedo provide end-to-endleliv-

ery servicesfor datawith realtime characteristicsincluding pay-
load type identification,timestamping sequenceumbers source
identificationandreceptionquality feedback. It dravs heavily on

the notion of applicationlevel framing[2] to provide mutability to

differentapplicationscenariosandefficient adaptatiorio different
network conditions. Thesecharacteristichave lead a numberof

authorsto considerthe useof RTP for interactve mediaapplica-
tions. In this sectionwe review RTP in somedetail, this will be
followedin section4 by a critique of theuseof RTP for interactive

media.

An applicationusing RTP asits transportis expectedto provide a
single mediastreamwith real time characteristics.Sucha media
streamcomprisesa numberof applicationdataunits, which

e areephemeralwith nolonglivedname
e aretimed,andrequiretimely delivery
e areordered

e maycomein arangeof differenttypes
e areassociateavith anamedsource

e areusefulif deliveredunreliably but somefeedbackon re-
ceptionquality is needed

Thesefeaturesare provided by a fixed paclet heademwhich is ap-
plied to eachdatapaclet. In addition, the RTP control protocol
providesapproximatenembershipnformationandreceptiomqual-
ity feedback.

An RTP datapaclet comprisesa fixed headerfollowed by anop-
tional heademextensionandthe applicationdata. Theformatof the
fixedheadeiis shavn in figure 1.

RTP providesasinglesequencaumberspaceusedto detectpack-
etlossandmisordering.Thesequencaumbetincreasedy onefor

eachpaclet sentregardlesof thecontentof thepacletandhence
doesnot provide structurechamingof applicationdataunits.

The RTP timestampreflectsthe samplinginstantof the first octet
in the payload. It is a free running clock at a rate naturalto the
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Figurel: An RTP data packet header

mediaformat; for examplethe audio samplingrate or the 90kHz
video clock chosento be a commonmultiple of PAL andNTSC
framerate. It mustbe of sufiicient resolutionto achieve accurate
synchronisatiomndto measuranetwork jitter.

The RTP timestampdenoteghe playoutorderfor applicationdata
units. If thoseADUs are resequencebieforetransmissiorit will
notbemonotonicallyincreasingn the pacletsasreceved.

SincetheRTPtimestamps derivedfrom themediaclock,andeach
mediastreamis transportedn a separatdRTP sessionit is notpos-
sibleto synchronizenediastreamgrom theinformationcontained
in the datapaclets alone. The mappingfrom RTP timestampto

real-timeis obtainedvia sendereportpaclets,describedater.

Thecombinatiorof sequencaumberandtimestamps suficientto
uniquelyidentify eachapplicationdataunit. Dueto the ephemer
al natureof ADUs, thereis no external mappingonto long lived
names,and no feedbackon the receptionof individual ADUs is
provided.

Eachparticipantin an RTP sessionis identified by a 32 bit syn-
chronisatiorsource(SSRC)identifierincludedin eachdatapaclet.
The SSRCis choserrandomlywhenjoining asessionandamech-
anismfor resolvingcollisionsis included. It shouldbe notedthat
the SSRCis anephemeraidentifier, which is not suitablefor long-
termdatanaming. A mappingfrom SSRCto a canonicalnameis
provided by sourcedescriptioncontrol paclets,describedater.

RTP supportgheconcepbf mixers,which combinedatafrom mul-
tiple sources.Eachdatapaclet mayincludea list of contributing
sourcegCSRCs)for this purpose.

The RTP datapaclet heademlsoincludesa payloadtypeidentifier
field, to differentiatepayloadformats. The mappingfrom payload
formatto payloadtype numberis provided by eithera static pro-
file definition (e.g. [14]) or non-RTP signalling(e.g. via SDP[7]

carriedin SIP[9]).

Finally, a marler is includedasa hint for the recever to indicate
thatthis ADU denotesa significanteventin the mediastream.The
significanceof a paclet with the marker presenis unknavn to an
applicationwhichis not familiar with the ADU semantics.

In additionto mediatransport,RTP providesa separatgeporting
and control protocol, RTCP. This control protocolworks by peri-
odic rate controlledmulticastfrom eachparticipant,suchthatthe
averageaggreate control traffic rateis 5% of the datarate. The



interval betweertransmissionsf controlpacletsfrom eachpartic-
ipantis at minimumonceevery 5 secondsrandomisedip to 50%
in eitherdirection. This reportinginterval increasesisthe number
of membersn anRTP sessionncreasessuchthatRTCPcannotbe
considerechtimely protocol.

Thereare four typesof RTCP paclet: sendemeport,recever re-
port, sourcedescriptionand BYE. Multiple control paclets may
be transportedn a single compoundpaclet. Control pacletsare
associateavith their sendetby SSRC.

An RTCP senderreporthastwo functions: it mapsbetweenthe
RTP mediaclock andan NTP format timestampgiving wallclock
time, andit providesa paclet andoctetcountfor the mediastream
(allowing thedatarateto beestimated) The mappingbetweerRTP

andNTP time allows receversto performintermediasynchroni-
sation(e.g. for lipsync[10]) andin conjunctionwith information
from recever reportsallows the senderto estimatethe roundtrip

time to all recevers. As their nameimplies, senderreportpaclets
areonly sentby thosememberavho areactively transmittingdata.

Recever reportsare sentby all memberswvho receve mediadata
during a reportinginterval. They containa reportblock for each
active source thatreportblock contains

o thefractionof pacletslostthisintenal
e thecumulatve numberof pacletslost
o theextendedhighestsequencaumberreceved
e anestimateof the network inducedtiming jitter
e thetimestamdrom thelastsendereport(LSR)

e thedelaysincereceving thelastsendereport(DLSR)

The LSR and DLSR fields areincludedso that senderamay esti-
matetheroundtrip time to eachrecever.

The estimateof the network timing jitter assumeshatpacletsare
evenly spacedfor exampleasis the casewith mostnetwork audio
applications.If pacletsarenotevenly spacedn time, the estimate
of thejitter will beincorrect.

Sourcedescriptionpaclets provide a mappingfrom SSRCto a
canonicalnamefor eachparticipant. The canonicalnamecom-
prisesthe participants usernameand network addresge.g. col-
in@128.16.32.159Rndsois consistenacrosgestartsof a media
tool, for example,but is not persistenor long-termconsistent.In
addition, other personnabletailssuchas participantnames email
addresseandlocationmayoptionallybetransportedFinally, BYE
pacletsinform othersparticipantshata memberof the sessiors
aboutto leave.

As discussecearlier RTP is a protocol framework ratherthan a
completeprotocolspecificationIn orderto becomplete RTP need-
soneor morepayloadformatspecificationandprofiles.

Payloadformatspecificationgletailhow particularmediaformats,
suchasaudioandvideo encodingsaretransportedn RTP. They
define the mappingfrom the codecoutput bitstreamto an RTP
paclet stream,including ary payloadspecificheaderinformation
to becarriedatthebeginning of the payloadsectionof anRTP data

paclet. More detail on the designof RTP payloadformat specifi-
cationscanbefoundin [8].

An RTP profile definesamappingfrom payloadformatsto payload
type numbers,and may redefinesomefeaturesof the baseRTP
headerThe RTP specificatior{15] hasthis to sayon the subject:

“The existing RTP datapaclet headeiis believedto be
completefor the setof functionsrequiredin common
acrossall the applicationclasseghat RTP might sup-
port. However, in keepingwith the ALF designprinci-

ple, the heademay be tailoredthroughmodifications
or additionsdefinedin aprofile specificatiorwhile stil-

| allowing profile-independenmonitoringandrecord-
ing toolsto function”

Thesemodificationsandadditionsincludethe ability to changethe
sizeof the payloadtypefield to includeadditionalmarler bits, ad-
d additionalfixed headergo the datapaclet header define new
RTCP paclet typesand extend sender/receger reportswith addi-
tional fixedheadeffields.

It shouldbe notedthatprofilesarenot permittedto redefinethe ex-
isting headeffields, sincethatwould affect the operationof profile
independentnonitoringandrecordingtools.

4. RTPFORINTERACTIVE MEDIA?

We have presentedhe requirement®f interactve mediaapplica-
tionsin section2, andthefeaturesaffordedby RTPin section3. We
now addressheissueof how well RTP fits the needsf interactve
mediaapplications.

Thefeaturesf RTP datapacletswhich aredirectly releventto in-
teractve mediaapplicationsncludethe payloadtype,synchronisa-
tion source marker andpaddingbits.

Thesequencaumbeiperformswo rolesin RTP: detectiorof pack-
etlossand ADU naming. Interactive mediaapplicationsmay still
benefitfrom detectiorof pacletlossvia thesequencaumberbutit
is likely to beinsufiicient to identify ADUs in aninteractve media
applicationdueto the non-linearnamespacé suchapplications
[12].

Thesemantic®f the RTP timestamparedifferentto thoseexpected
by mostinteractve mediaapplicationspeingbasedon a free run-
ninglinearclock of relevenceto themedia.Whilst mostinteractve
mediaapplicationscanuseatimestampthey have no concepbof a
mediaclock andabetterfit canbemadeby usingwallclocktime as
theirtimestampthis alsoimpliesthatthe mappingfrom themedia
clock to wallclock time via sendemeportsis not useful for these
applicationsalthougha clock synchronizatiorprotocolmaybere-
quiredto align the participantsideasof wallclock time).

It shouldfurtherbenotedthatmary interactize mediaapplications
emplgy someform of reliability, wherebydatapacletsareretrans-
mitted to repairlost data. The useof a mediatimestampto deter
mine playoutof suchpaclets,aswould be donefollowing the RTP
model,is clearlydubious.Figure2 shavs the RTP adaptve playout
model, where mediasamplesare buffered basedon the obsered
jitter in the network and RTP timestamps{o regeneratehe inter-
ADU timing necessaryor correctplayoutof the media(see,for
example,[13] for a more detaileddiscussiorof this process).An
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Figure 2: Adaptive media playout in an RTP application

interactve mediaapplicationtypically doesnot have to regenerate
the timing of a mediastreambefore playout, and can often play
ADUs assoonasthey arereceved, or uselate ADUs for repair
whenthey would have to bediscardedy anapplicationfollowing
the standardRTP playoutmodel.

Of the four typesof RTCP paclet (sendemreport, recever report,
sourcedescriptionandbye), we have previously notedthat RTCP

senderreportpacletsareof little useto interactve mediaapplica-
tions,sincetheir primarypurposes to corvey themappingoetween
the RTP mediaclock andthe real-timeNTP clock. Sinceinterac-
tive mediaapplicationsdo not have a comparablenediaclock, this

mappingis redundant.

This doesnot necessarilymeanthatthe conceptof sendereports
is of no useto interactve mediaapplicationslt maybe possibleto
usesomeform of senderreportto inform receversof the progress
of atransmissionhelpingwith thedetectiorof tail-loss,or to allow
estimationof the roundtrip time betweenrecevers. Suchsender
reportpacletswill, however, differ from thoseusedby RTCP.

The conceptof receptionreportsis valid for interactve mediaap-
plications but thedetailsof thereportarelik ely to differ fromthose
usedby RTP.

The statisticsrelating to loss fraction and cumulatve numberof
paclets lost are meaningfulonly if paclets are transmittedwith
auniquesequenc@&umberper paclet, andretransmissionarenot
used(orif aretransmittediatapaclethasadifferentsequencaum-
ber from the original). This is not to saythatanalogousneasure-
mentscannotbe derived for interactve mediaapplicationsput un-
lessthesefields arecalculatedn exactly the sameway asper[15]
thoseapplicationswhich are using the original definition will be
confusedby receptionreportsusinga differentdefinition for these
fields.

The extendedsequencenumberfield in a receptionreportis not
usefulfor thoseinteractive mediaapplicationsvhich usestructured
sequencaumberssinceit relateso thelinearRTP sequencaum-
ber space. If a linear sequencenumberspaceis appliedto data
paclets,with structuredsequencaumberdeingcarriedwithin the
payload,thenthe extendedsequenceumberwill be meaningful,
but perhapshot useful.

Theinterarrialjitter field in areceptiorreportgivesmeaningfure-

sultsonly if datapacletsaresentregularly. Sinceinteractve media
applicationgtypically have non-rgyular datatransmissiorpatterns,
thisfield will oftenbevalid but meaningless.

TheLSR andDLSR fieldsareusefulif theapplicationusessender
reports.

Sourcedescriptionand BYE paclets may be usedunchangedal-

thoughsincesendeandrecever reportpacletsarenotappropriate
in their existing form, it may be necessaryo changethe packing
rulesfor compoundRTCP paclets.

It is importantto notethat RTP explicitly allows for profile inde-
pendentnediaapplicationsandit is notlegalto redefinethe calcu-
lation of the existing headeffields, sincethis would confusethose
applicationsexpectingstandardRTP (for example,a profile inde-
pendentreceptionquality monitor or recordingtool). An exten-
sionmechanisnallows additionalinformationto be carriedin RT-

P/RTCP paclets, allowing applicationswhich requireextra func-
tionality.

Therulesfor whento transmitRTCP pacletsmaynot be appropri-
atefor aninteractve mediaapplication.Thetransmissiomatewas
designedo scaleto verylargegroupsby dynamicallyadjustingthe

interval suchthata constantateof 5% of the databandwidthis as-
signedto RTCP. Theresultis thatan RTP applicationcannotsend
anRTCPpacletatanarbitrarytime,andmustobey fixedtransmis-
sionrules.Violatingthesewill affecttheoperatiornof other(profile

independentapplicationsvhich may be usingthe standardRTCP

transmissiorules.

For example,it is not appropriateto useRTCP asa mechanisnto
requestretransmissiorof datapaclets sincethat would limit the
chancedor retransmissiomequestgo thosewhenthe rate-limited
RTCPpacletscanbesent.

Anotherexampleis theuseof RTCPto convey data(asasignalling
protocol)sincethiswill affecttherateatwhichwe canconvey sig-
nalling messages.An applicationwhich relys on this signalling
may be performancdimited by the low rateat which RTCP oper
ates.

To summariseye believe thattheneedof interactve mediaappli-
cationsarenotwell metby RTP.

5. RELATED WORK

The primary motivationfor this work wasthe RTP/I protocol[11],
an attemptto definean RTP profile suitablefor useby interactive
mediaapplications. That work providesan interestingand useful
taxonomyof mediaapplicationginteractize vs non-interactre and
discretevs continuous)andaddressea numberof importantprob-
lemsin thetransporof interactive media— applicatiorlevel naming
of ADUs andreliability, synchronisatiomwith RTP mediastreams
andrecordingof interactve mediaapplications.

The major flaw of RTP/I, in our opinion, is the decisionto make
the protocolanRTP profile, ratherthanusingRTP asa usefulpoint
in thedesignspacegrom whichto startwork, anddiscardthoseas-
pectswhich are not useful. This shawvs itself in the designof an
RTP/I datapaclet, wherethe headeris twice the size of an RTP
headerueto the inclusionof a sub-componensequenc@umber
andidentifier, in additionto the sequenc@umberin the RTP head-
er. In addition,the mappingfrom sub-componenidentifier to an
applicationmeaningfulnameis donevia anew RTCP paclet type,
asare statequeries. As previously mentioned the rate limits for
RTCPwill seriouslyimpactthe performancef the systemif they
arefollowed,andif notcouldimpacttheperformancef otherRTP
applicationamonitoring/recordin@nRTP/I session.

The RTP/I work doesnot deal with theseissues,nor of the ap-



plicability or otherwiseof the RTP timestamp sequencenumber
recever reportstatisticsanduseof sendereports.

As an alternatve the ReliableMulticast FramingProtocol[3] and
the ReliableMulticast Framevork [4] both derive protocolframe-
works for reliablemulticast,with requirementsimilar to thoseof
mary interactve mediaapplications.

The Reliable Multicast Framing Protocol [3] was designedas a
genericprotocol framevork for reliable multicast; henceit is di-
rectly applicableto interactve mediaapplications.It sharesmuch
of the samephilosophyasRTP, but hasa numberof significantdif-
ferencegesultingfrom the differentfocusadopoted.

Like RTP, the RMFP specifieghe formatof an ADU headeranda
numberof sessiompaclets(e.g. receptionreport). Thosepaclets,
whilst similarin concepthave somavhatdifferentstructureandse-
manticsto thoseof the correspondindRTP headers Consider for
example,the RMFP datapaclet headeiillustratedin figure 3.
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Figure3: An RMFP data packet header

The RMFP datapaclet headeiincludesa sequencaumber object

identiferand ADU name. However, RMFP doesnot specify the

semantic®f thesefields- they mustbedefinedby a profile specifi-

cationfor a particularclassof applicationgfor example[1]). This

allows considerabldlexibility, andremovesmary of the problems
associateavith theuseof RTP for interactve media:thesemantics
of the sequenc@umbercannow fit the application,andstructured
ADU namescanbedirectly used.

RMFP ADUs alsoincludebitsin theheadeto indicateif this pack-
et is a retransmissioror containsforward error correction(FEC)
information. The explicit inclusionof thesebits allows for appli-
cationswhich canusejitter informationto calculatethis, without
having to include suchretransmittecdatawhich ad\ersly affects
thesestatisticsin RTP.

RMFP alsodoesnot include a timestamp. This removes another
problemwith the useof RTP, sincethereis no implicit or explic-

it mediaplayoutmodelin RMFP andapplicationscanuseADUs

in ary desiredorder However, it introducesa problem- it is not

possibleto directly synchronise(RMFP datawith an RTP flow. An

RMFP profile can specify a timestampand playoutmodelif it is

desiredfor aparticularclassof applications.

Like RTP,theRMFPhasseparatéowsfor datapacletsandsession
messagesilt alsointroducesa third flow for control paclets. This
allows control paclets to be sentat ary desiredrate, ratherthan
beinglimited to the sessiordatarateashappensvith RTP control
paclets.

All in all, we considerRMFP to be a muchbetterfit for interactve
mediaapplicationghanis RTP, althoughbothderive from thesame

philosophyof protocoldesign.

The Reliable Multicast Framavork, RMF [4] attemptsto solve a
similar problemto RMFP,. Like RMFP it definescommonformat-
s for data, control and sessiorpaclets, but ratherthan defininga
commoncorewith a seriesof profile extensionsRMF focuseson
the developmentof a ‘universalrecever’ which canspeakary de-
siredreliablemulticastprotcol. Quotingfrom [4]:

“A recever’s actionsarespecializedo conformto the
requirementf a specificreliable multicastprotocol
asa consequencef the sendersettingvariousfields
in datapacletsappropriatelyandasa consequencef
the session-leel control protocolssettingstateinfor-
mationappropriately

As aconsequencef this, it is difficult to cateyorizeRMF sincethe
behaiour canvary significantly It does,hovever, have a number
of featureswhich areusefulfor interactve mediaapplicationsand
avoidsmary of the problemsof usingRTPin thisarea.

For exampleRMF includesbits in the headerto indicatethat this
pacletis aretransmissiorfto avoid confusionof receptionquality
statistics)andto allow for sggmentatiorandreassemblyf ADUs.
It alsoprovidesfor flexible receptiomuality feedbackavoidingthe
limitations of RTCP RR pacletsfor this use,andfor flexible repair
stratgies. Unfortunately it still provides only a single sequence
numberandno explicit namingof ADUs, andno timestamps in-
cluded.

The opinion of the authorsis thatthe RMF modelis overcomple
for the gain provided, but it doesexplore a numberof interesting
concepts.Mary, but not all, of the pitfalls of the useof RTP for
interactve mediaareavoided.

6. CONCLUSIONS

We have presentedh critical overview of the useof RTP for inter-
active mediaapplicationssuchas sharedworkspacesnetworked
gamesor distributedpresentationiools. Our conclusionis thatRT-
P is not the correctprotocol for mostsuchapplications. Rather
RTP mayform onepartfor the neededrotocolsuite,supplement-
edby otherprotocolsmoretunedfor the needsof differentpartsof
aninteractve mediaapplication.

Mary applicationsarebestdesignedroundheuseof multiple pro-
tocols:it maybethatnon-interactre mediaaretransportedy RTP,
interactve mediaby anotherprotocol,andbulk transferof datais
handledoy someform of reliablemulticast. This presentsio prob-
lem to a well designedsystem,andallows for considerabldlexi-
bility, for exampleby transportinghe differentmediaon different
transportaddressethey canbe assignedo a different QoS cate-
gories.lt alsoallowsfor eachmediato betransportedy a protocol
optimisedfor thatclassof application,in accordancevith theprin-
ciplesof applicationlevel framing[2].

Finally, it is our belief thatthe developmentof a commonframing
protocolfor interactve mediais of importance Thereexistsagreat
dealof commonfunctionality betweendifferentapplicationclass-
es,andit is desirableto leveragethatinto a single framework if

possible.
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