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ABSTRACT
TheReal-timeTransportProtocol,RTP, hasbecomethedominant
protocolfor streamingaudioandvideo in IP-basedenvironments.
A numberof proposalshave beenmadewhich attemptto build on
this successandapplyRTP for sharedworkspaceapplications.We
discusstheneedsof suchapplicationsandthefeaturesprovidedby
RTP, with anaim to showing why RTP is not appropriatefor such
uses.

1. INTRODUCTION
In recentyearsthe Real-timeTransportProtocol,RTP [15], has
becometheprotocolof choicefor audio/videotransportin the In-
ternet.Oneof thereasonsfor this successis theflexibility of RTP,
which wasdesignedasa protocolframework, ratherthana mono-
lithic protocol,allowing it to be tailored to differentapplications
andmediaformats.

This flexibility has led a numberof authorsto considerthe use
of RTP for otherscenarios,not necessarilyrelatedto audio/video
transport. For example,it hasrecentlybeensuggestedthat RTP
mayprovide thebasefor a protocolfor thetransportof interactive
mediasuchassharedwhiteboards[11]. In this paperwe provide a
critical evaluationof theapplicabilityof RTPfor theseapplication-
s, noting thoseareaswhereRTP is not a goodfit andsuggesting
alternative solutions.

This paperis structuredasfollows: section2 presentsanoverview
of interactive mediaapplications,highlightingtheir key functional
andprotocolrequirements.This is followed, in sections3 and4,
by a discussionof RTP andits suitability for theseapplications.In
section5 we discussotherpossibleapproaches.Finally we present
our conclusionsin section6.

2. INTERACTIVE MEDIA
Informally, an interactive mediaapplicationis onewherethestate
of thesystemchangesprimarily in responseto userinteraction.Ex-
amplesincludeasharedwhiteboardor text editor, adistributedpre-
sentationtool,or anetworkedmultiplayergame.It doesnotinclude

audioor video,sincethosemediaareprimarily time related,rather
thanrespondingto explicit userevents.

A moreformal classificationof mediaflows is presentedin [11].
That work definesinteractive mediato be thosewhich canbe in-
fluencedby eventsexternalto themedia,andsplits this definition
into two: discreteinteractivemediaareonly influencedby external
events,continuousinteractive mediaalso changetheir stateover
time without externalinteraction. In contrast,non-interactive me-
diachangetheir stateover time irrespective of externalevents.

This leadsto an importantobservation: interactive mediaapplica-
tionshave a multi-dimensionalstatespacebasedon bothtime and
thesetof externaleventswhichmayaffect thesystem,whereasthe
statespacefor non-interactive mediais linear.

Consider, for example,a sharedpresentationtool. This mayhave
time-basedstate(e.g.ananimation,or anaudio/videoclip), ephemer-
al statebasedon userinteraction(e.g. a telepointer)andpersistent
state(e.g.thetext anddiagramscomprisingthepresentation).This
is in contrastto anon-interactivemediaapplicationsuchasstream-
ing video,wheremediaframesarepresentedin time orderwith no
otherinteraction.

There are a numberof consequensesdue to theseobservations.
Firstly, wenotethatasinglelinearnamespaceis not sufficient to i-
dentifystateupdatesin aninteractivemediaapplication,sincethese
updatesmaybetriggeredby a combinationof factors.

Lossdetectionandreliability becomesmorecomplex in interactive
mediaapplications,sincethereis no longera singlelinearnames-
pacefor objectsandsincesomeobjectsarepersistent.In addition,
aninteractivemediaapplicationmustbeawareof thepossibilityof
conflicting updates,sincethe stateof the systemmay be affected
by multiple externaleventssimultaneously, complicatingany reli-
ability mechanism.

Handlinglatejoinersbecomesmorecomplex, sincethestateof the
systemnolongerdependssolelyonwhenthey joined,but alsoupon
thesharedapplicationstateat thattime.

Finally, wenotethatinteractivemediahavepartialratherthanstrict
dataorderingrequirements,with latedatabeinguseful,andbrows-
ing beingcommon.

Theseobservationsrapidly leadto theconclusionthata singlepro-
tocol is unlikely to be sufficient for the full rangeof interactive
mediaapplications. Indeed,many authors[3; 4; 5; 6] have con-



cludedthatapplicationlevel framing[2] is a requirementfor such
applications.

Thereare,however, anumberof featuresin commonacrossabroad
rangeof interactive mediaapplications,andthosefeaturescanpo-
tentially beabstractedinto a commonprotocolframework. In par-
ticular, it hasbeenobservedthatmany applicationsneedstructured
applicationdataunit (ADU) names[12], a simplemechanismfor
the detectionof packet loss, a meansof distinguishingdifferent
typesof data,ameansof identifyingparticipants,anda timestamp-
ing mechanism.

It hasalsobeenobservedthatit is not necessaryto includecommon
reliability anderrorrecoveryschemes,or mechanismsfor handling
late joiners, sinceapplicationshave a wide anddisjoint rangeof
requirementsin theseareas.

3. OVERVIEW OF RTP
RTPis aprotocolframework designedto provideend-to-enddeliv-
ery servicesfor datawith real time characteristics,includingpay-
load type identification,timestamping,sequencenumbers,source
identificationandreceptionquality feedback.It draws heavily on
thenotionof applicationlevel framing[2] to provide mutability to
differentapplicationscenarios,andefficient adaptationto different
network conditions. Thesecharacteristicshave leada numberof
authorsto considerthe useof RTP for interactive mediaapplica-
tions. In this sectionwe review RTP in somedetail, this will be
followedin section4 by a critiqueof theuseof RTPfor interactive
media.

An applicationusingRTP asits transportis expectedto provide a
singlemediastreamwith real time characteristics.Sucha media
streamcomprisesa numberof applicationdataunits,which

� areephemeral,with no long livedname

� aretimed,andrequiretimely delivery

� areordered

� maycomein a rangeof differenttypes

� areassociatedwith a namedsource

� areuseful if deliveredunreliably, but somefeedbackon re-
ceptionquality is needed

Thesefeaturesareprovidedby a fixedpacket headerwhich is ap-
plied to eachdatapacket. In addition, the RTP control protocol
providesapproximatemembershipinformationandreceptionqual-
ity feedback.

An RTP datapacket comprisesa fixedheader, followedby anop-
tionalheaderextensionandtheapplicationdata.Theformatof the
fixedheaderis shown in figure1.

RTPprovidesasinglesequencenumberspace,usedto detectpack-
et lossandmisordering.Thesequencenumberincreasesby onefor
eachpacket sent,regardlessof thecontentsof thepacket andhence
doesnotprovide structurednamingof applicationdataunits.

The RTP timestampreflectsthe samplinginstantof the first octet
in the payload. It is a free runningclock at a ratenaturalto the

0 1 2 3
0 1 2 3 4 5 6 7 8 9 0 1 2 3 4 5 6 7 8 9 0 1 2 3 4 5 6 7 8 9 0 1

+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
|V=2|P|X| CC |M| PT | sequence number |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
| timestamp |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
| synchronization source (SSRC) identifier |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
| contributing source (CSRC) identifiers (if any) |
| .... |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
| optional header extension |
| .... |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
| payload data |
| .... |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

Figure 1: An RTP data packet header

mediaformat; for examplethe audiosamplingrateor the 90kHz
video clock chosento be a commonmultiple of PAL andNTSC
framerate. It mustbe of sufficient resolutionto achieve accurate
synchronisationandto measurenetwork jitter.

TheRTP timestampdenotestheplayoutorderfor applicationdata
units. If thoseADUs areresequencedbeforetransmissionit will
notbemonotonicallyincreasingin thepacketsasreceived.

SincetheRTPtimestampis derivedfrom themediaclock,andeach
mediastreamis transportedin aseparateRTPsession,it is notpos-
sibleto synchronizemediastreamsfrom theinformationcontained
in the datapackets alone. The mappingfrom RTP timestampto
real-timeis obtainedvia senderreportpackets,describedlater.

Thecombinationof sequencenumberandtimestampis sufficientto
uniquelyidentify eachapplicationdataunit. Due to theephemer-
al natureof ADUs, thereis no externalmappingonto long lived
names,and no feedbackon the receptionof individual ADUs is
provided.

Eachparticipantin an RTP sessionis identifiedby a 32 bit syn-
chronisationsource(SSRC)identifierincludedin eachdatapacket.
TheSSRCis chosenrandomlywhenjoining asession,andamech-
anismfor resolvingcollisionsis included. It shouldbe notedthat
theSSRCis anephemeralidentifier, which is not suitablefor long-
termdatanaming.A mappingfrom SSRCto a canonicalnameis
providedby sourcedescriptioncontrolpackets,describedlater.

RTPsupportstheconceptof mixers,whichcombinedatafrom mul-
tiple sources.Eachdatapacket may includea list of contributing
sources(CSRCs)for this purpose.

TheRTPdatapacket headeralsoincludesa payloadtypeidentifier
field, to differentiatepayloadformats.Themappingfrom payload
format to payloadtype numberis provided by eithera staticpro-
file definition (e.g. [14]) or non-RTP signalling(e.g. via SDP[7]
carriedin SIP[9]).

Finally, a marker is includedasa hint for the receiver to indicate
thatthis ADU denotesa significantevent in themediastream.The
significanceof a packet with themarker presentis unknown to an
applicationwhich is not familiarwith theADU semantics.

In additionto mediatransport,RTP providesa separatereporting
andcontrol protocol,RTCP. This control protocolworks by peri-
odic ratecontrolledmulticastfrom eachparticipant,suchthat the
averageaggregatecontrol traffic rate is 5% of the datarate. The



interval betweentransmissionsof controlpacketsfrom eachpartic-
ipant is at minimumonceevery 5 seconds,randomisedup to 50%
in eitherdirection.This reportinginterval increasesasthenumber
of membersin anRTPsessionincreases,suchthatRTCPcannotbe
considereda timely protocol.

Thereare four typesof RTCP packet: senderreport, receiver re-
port, sourcedescriptionand BYE. Multiple control packets may
be transportedin a singlecompoundpacket. Control packetsare
associatedwith their senderby SSRC.

An RTCP senderreport hastwo functions: it mapsbetweenthe
RTP mediaclock andanNTP format timestampgiving wallclock
time,andit providesa packet andoctetcountfor themediastream
(allowing thedatarateto beestimated).ThemappingbetweenRTP
andNTP time allows receiversto performinter-mediasynchroni-
sation(e.g. for lipsync [10]) andin conjunctionwith information
from receiver reportsallows the senderto estimatethe roundtrip
time to all receivers. As their nameimplies,senderreportpackets
areonly sentby thosememberswho areactively transmittingdata.

Receiver reportsaresentby all memberswho receive mediadata
during a reportinginterval. They containa reportblock for each
active source,thatreportblockcontains

� thefractionof packetslost this interval

� thecumulative numberof packetslost

� theextendedhighestsequencenumberreceived

� anestimateof thenetwork inducedtiming jitter

� thetimestampfrom thelastsenderreport(LSR)

� thedelaysincereceiving thelastsenderreport(DLSR)

The LSR andDLSR fields are includedso that sendersmay esti-
matetheroundtrip time to eachreceiver.

Theestimateof thenetwork timing jitter assumesthatpacketsare
evenly spaced,for exampleasis thecasewith mostnetwork audio
applications.If packetsarenot evenly spacedin time, theestimate
of thejitter will beincorrect.

Sourcedescriptionpackets provide a mappingfrom SSRCto a
canonicalnamefor eachparticipant. The canonicalnamecom-
prisesthe participant’s usernameand network address(e.g. col-
in@128.16.32.159),andsois consistentacrossrestartsof a media
tool, for example,but is not persistentor long-termconsistent.In
addition,otherpersonnaldetailssuchasparticipantnames,email
addressesandlocationmayoptionallybetransported.Finally, BYE
packetsinform othersparticipantsthata memberof thesessionis
aboutto leave.

As discussedearlier, RTP is a protocol framework ratherthan a
completeprotocolspecification.In ordertobecomplete,RTPneed-
s oneor morepayloadformatspecificationsandprofiles.

Payloadformatspecificationsdetailhow particularmediaformats,
suchasaudioandvideo encodings,aretransportedin RTP. They
define the mappingfrom the codecoutput bitstreamto an RTP
packet stream,including any payloadspecificheaderinformation
to becarriedat thebeginningof thepayloadsectionof anRTPdata

packet. More detail on thedesignof RTP payloadformatspecifi-
cationscanbefoundin [8].

An RTPprofiledefinesamappingfrom payloadformatsto payload
type numbers,and may redefinesomefeaturesof the baseRTP
header. TheRTPspecification[15] hasthis to sayon thesubject:

“The existingRTPdatapacketheaderis believedto be
completefor thesetof functionsrequiredin common
acrossall theapplicationclassesthatRTP might sup-
port. However, in keepingwith theALF designprinci-
ple, theheadermaybetailoredthroughmodifications
or additionsdefinedin aprofilespecificationwhile stil-
l allowing profile-independentmonitoringandrecord-
ing toolsto function.”

Thesemodificationsandadditionsincludetheability to changethe
sizeof thepayloadtypefield to includeadditionalmarker bits,ad-
d additionalfixed headersto the datapacket header, definenew
RTCP packet typesandextendsender/receiver reportswith addi-
tional fixedheaderfields.

It shouldbenotedthatprofilesarenotpermittedto redefinetheex-
isting headerfields,sincethatwould affect theoperationof profile
independentmonitoringandrecordingtools.

4. RTP FOR INTERACTIVE MEDIA?
We have presentedthe requirementsof interactive mediaapplica-
tionsin section2,andthefeaturesaffordedbyRTPin section3. We
now addresstheissueof how well RTPfits theneedsof interactive
mediaapplications.

Thefeaturesof RTP datapacketswhich aredirectly relevent to in-
teractivemediaapplicationsincludethepayloadtype,synchronisa-
tion source,marker andpaddingbits.

Thesequencenumberperformstworolesin RTP:detectionof pack-
et lossandADU naming. Interactive mediaapplicationsmaystill
benefitfrom detectionof packet lossvia thesequencenumber, but it
is likely to beinsufficient to identify ADUs in aninteractive media
applicationdue to the non-linearnamespacein suchapplications
[12].

Thesemanticsof theRTPtimestamparedifferentto thoseexpected
by mostinteractive mediaapplications,beingbasedon a freerun-
ning linearclockof relevenceto themedia.Whilst mostinteractive
mediaapplicationscanusea timestamp,they have no conceptof a
mediaclockandabetterfit canbemadeby usingwallclock timeas
their timestamp(thisalsoimpliesthatthemappingfrom themedia
clock to wallclock time via senderreportsis not useful for these
applications,althougha clocksynchronizationprotocolmaybere-
quiredto align theparticipants’ideasof wallclock time).

It shouldfurtherbenotedthatmany interactive mediaapplications
employ someform of reliability, wherebydatapacketsareretrans-
mitted to repairlost data. Theuseof a mediatimestampto deter-
mineplayoutof suchpackets,aswouldbedonefollowing theRTP
model,is clearlydubious.Figure2 showstheRTPadaptiveplayout
model,wheremediasamplesarebufferedbasedon the observed
jitter in the network andRTP timestamps,to regeneratethe inter-
ADU timing necessaryfor correctplayoutof the media(see,for
example,[13] for a moredetaileddiscussionof this process).An
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Figure 2: Adaptive media playout in an RTP application

interactive mediaapplicationtypically doesnot have to regenerate
the timing of a mediastreambeforeplayout, and canoften play
ADUs as soonas they are received, or uselate ADUs for repair
whenthey would have to bediscardedby anapplicationfollowing
thestandardRTPplayoutmodel.

Of the four typesof RTCP packet (senderreport,receiver report,
sourcedescriptionandbye),we have previously notedthatRTCP
senderreportpacketsareof little useto interactive mediaapplica-
tions,sincetheirprimarypurposeis toconvey themappingbetween
theRTP mediaclock andthe real-timeNTP clock. Sinceinterac-
tivemediaapplicationsdonothave acomparablemediaclock, this
mappingis redundant.

This doesnot necessarilymeanthat the conceptof senderreports
is of nouseto interactive mediaapplications.It maybepossibleto
usesomeform of senderreportto inform receiversof theprogress
of atransmission,helpingwith thedetectionof tail-loss,or to allow
estimationof the roundtrip time betweenreceivers. Suchsender
reportpacketswill, however, differ from thoseusedby RTCP.

Theconceptof receptionreportsis valid for interactive mediaap-
plications,but thedetailsof thereportarelikely to differ from those
usedby RTP.

The statisticsrelating to loss fraction and cumulative numberof
packets lost are meaningfulonly if packets are transmittedwith
a uniquesequencenumberperpacket, andretransmissionsarenot
used(or if aretransmitteddatapackethasadifferentsequencenum-
ber from theoriginal). This is not to saythatanalogousmeasure-
mentscannotbederivedfor interactive mediaapplications,but un-
lessthesefieldsarecalculatedin exactly thesameway asper[15]
thoseapplicationswhich areusing the original definition will be
confusedby receptionreportsusinga differentdefinitionfor these
fields.

The extendedsequencenumberfield in a receptionreport is not
usefulfor thoseinteractivemediaapplicationswhichusestructured
sequencenumbers,sinceit relatesto thelinearRTPsequencenum-
ber space. If a linear sequencenumberspaceis appliedto data
packets,with structuredsequencenumbersbeingcarriedwithin the
payload,thenthe extendedsequencenumberwill be meaningful,
but perhapsnotuseful.

Theinterarrival jitter field in areceptionreportgivesmeaningfulre-
sultsonly if datapacketsaresentregularly. Sinceinteractivemedia
applicationstypically have non-regulardatatransmissionpatterns,
this field will oftenbevalid but meaningless.

TheLSR andDLSR fieldsareusefulif theapplicationusessender
reports.

SourcedescriptionandBYE packetsmay be usedunchanged,al-
thoughsincesenderandreceiver reportpacketsarenotappropriate
in their existing form, it may be necessaryto changethe packing
rulesfor compoundRTCPpackets.

It is importantto notethat RTP explicitly allows for profile inde-
pendentmediaapplications,andit is not legalto redefinethecalcu-
lation of theexisting headerfields,sincethis would confusethose
applicationsexpectingstandardRTP (for example,a profile inde-
pendentreceptionquality monitor or recordingtool). An exten-
sionmechanismallows additionalinformationto becarriedin RT-
P/RTCP packets, allowing applicationswhich requireextra func-
tionality.

Therulesfor whento transmitRTCPpacketsmaynotbeappropri-
atefor aninteractive mediaapplication.Thetransmissionratewas
designedto scaleto very largegroupsby dynamicallyadjustingthe
interval suchthataconstantrateof 5%of thedatabandwidthis as-
signedto RTCP. Theresultis thatanRTP applicationcannotsend
anRTCPpacket atanarbitrarytime,andmustobey fixedtransmis-
sionrules.Violatingthesewill affect theoperationof other(profile
independent)applicationswhich maybeusingthestandardRTCP
transmissionrules.

For example,it is not appropriateto useRTCPasa mechanismto
requestretransmissionof datapackets sincethat would limit the
chancesfor retransmissionrequeststo thosewhentherate-limited
RTCPpacketscanbesent.

Anotherexampleis theuseof RTCPto convey data(asasignalling
protocol)sincethiswill affect therateatwhichwe canconvey sig-
nalling messages.An applicationwhich relys on this signalling
maybeperformancelimited by the low rateat which RTCPoper-
ates.

To summarise,webelieve thattheneedsof interactivemediaappli-
cationsarenot well metby RTP.

5. RELATED WORK
Theprimarymotivationfor this work wastheRTP/I protocol[11],
an attemptto definean RTP profile suitablefor useby interactive
mediaapplications.That work providesan interestinganduseful
taxonomyof mediaapplications(interactive vsnon-interactive and
discretevscontinuous),andaddressesanumberof importantprob-
lemsin thetransportof interactivemedia– applicationlevelnaming
of ADUs andreliability, synchronisationwith RTP mediastreams
andrecordingof interactive mediaapplications.

The major flaw of RTP/I, in our opinion, is the decisionto make
theprotocolanRTPprofile,ratherthanusingRTPasausefulpoint
in thedesignspacefrom which to startwork, anddiscardthoseas-
pectswhich arenot useful. This shows itself in the designof an
RTP/I datapacket, wherethe headeris twice the sizeof an RTP
headerdueto the inclusionof a sub-componentsequencenumber
andidentifier, in additionto thesequencenumberin theRTPhead-
er. In addition,the mappingfrom sub-componentidentifier to an
applicationmeaningfulnameis donevia a new RTCPpacket type,
asarestatequeries. As previously mentioned,the rate limits for
RTCPwill seriouslyimpacttheperformanceof thesystemif they
arefollowed,andif notcouldimpacttheperformanceof otherRTP
applicationsmonitoring/recordinganRTP/I session.

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



plicability or otherwiseof the RTP timestamp,sequencenumber,
receiver reportstatisticsanduseof senderreports.

As analternative theReliableMulticastFramingProtocol[3] and
theReliableMulticastFramework [4] bothderive protocolframe-
works for reliablemulticast,with requirementssimilar to thoseof
many interactive mediaapplications.

The ReliableMulticast FramingProtocol [3] was designedas a
genericprotocol framework for reliablemulticast;henceit is di-
rectly applicableto interactive mediaapplications.It sharesmuch
of thesamephilosophyasRTP, but hasanumberof significantdif-
ferencesresultingfrom thedifferentfocusadopoted.

Like RTP, theRMFPspecifiestheformatof anADU headeranda
numberof sessionpackets(e.g. receptionreport). Thosepackets,
whilst similar in concepthave somewhatdifferentstructureandse-
manticsto thoseof thecorrespondingRTP headers.Consider, for
example,theRMFPdatapacket headerillustratedin figure3.

0 1 2 3
0 1 2 3 4 5 6 7 8 9 0 1 2 3 4 5 6 7 8 9 0 1 2 3 4 5 6 7 8 9 0 1

+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
| V |P|R|F|S|E|X| PAYLOAD TYPE | LENGTH |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
| SOURCE ID |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
| SEQUENCE NUMBER | OBJECT ID |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-|
| NAME LENGTH | ADU NAME :
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-|
: ADU NAME :
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

Figure 3: An RMFP data packet header

TheRMFPdatapacket headerincludesa sequencenumber, object
identifer andADU name. However, RMFP doesnot specify the
semanticsof thesefields- they mustbedefinedby aprofilespecifi-
cationfor a particularclassof applications(for example[1]). This
allows considerableflexibility , andremovesmany of theproblems
associatedwith theuseof RTPfor interactivemedia:thesemantics
of thesequencenumbercannow fit theapplication,andstructured
ADU namescanbedirectlyused.

RMFPADUs alsoincludebits in theheaderto indicateif thispack-
et is a retransmissionor containsforward error correction(FEC)
information. The explicit inclusionof thesebits allows for appli-
cationswhich canusejitter informationto calculatethis, without
having to include suchretransmitteddatawhich adversly affects
thesestatisticsin RTP.

RMFP alsodoesnot includea timestamp.This removesanother
problemwith the useof RTP, sincethereis no implicit or explic-
it mediaplayoutmodelin RMFP andapplicationscanuseADUs
in any desiredorder. However, it introducesa problem- it is not
possibleto directly synchroniseRMFPdatawith anRTP flow. An
RMFP profile canspecifya timestampandplayoutmodel if it is
desiredfor aparticularclassof applications.

LikeRTP, theRMFPhasseparateflowsfor datapacketsandsession
messages.It alsointroducesa third flow for controlpackets. This
allows control packets to be sentat any desiredrate, ratherthan
beinglimited to thesessiondatarateashappenswith RTP control
packets.

All in all, we considerRMFPto bea muchbetterfit for interactive
mediaapplicationsthanis RTP, althoughbothderivefrom thesame

philosophyof protocoldesign.

The ReliableMulticast Framework, RMF [4] attemptsto solve a
similar problemto RMFP. Like RMFPit definescommonformat-
s for data,control andsessionpackets,but ratherthandefininga
commoncorewith a seriesof profile extensions,RMF focuseson
thedevelopmentof a ‘universalreceiver’ which canspeakany de-
siredreliablemulticastprotcol.Quotingfrom [4]:

“A receiver’s actionsarespecializedto conformto the
requirementsof a specificreliablemulticastprotocol
asa consequenceof the sendersettingvariousfields
in datapacketsappropriatelyandasa consequenceof
the session-level control protocolssettingstateinfor-
mationappropriately.”

As aconsequenceof this, it is difficult to categorizeRMF sincethe
behaviour canvary significantly. It does,however, have a number
of featureswhich areusefulfor interactive mediaapplicationsand
avoidsmany of theproblemsof usingRTPin thisarea.

For exampleRMF includesbits in the headerto indicatethat this
packet is a retransmission(to avoid confusionof receptionquality
statistics)andto allow for segmentationandreassemblyof ADUs.
It alsoprovidesfor flexible receptionqualityfeedback,avoidingthe
limitationsof RTCPRRpacketsfor thisuse,andfor flexible repair
strategies. Unfortunately, it still provides only a singlesequence
numberandno explicit namingof ADUs, andno timestampis in-
cluded.

Theopinionof theauthorsis that theRMF modelis overcomplex
for the gain provided, but it doesexplore a numberof interesting
concepts.Many, but not all, of the pitfalls of the useof RTP for
interactive mediaareavoided.

6. CONCLUSIONS
We have presenteda critical overview of theuseof RTP for inter-
active mediaapplicationssuchas sharedworkspaces,networked
games,or distributedpresentationtools.Ourconclusionis thatRT-
P is not the correctprotocol for most suchapplications. Rather,
RTP mayform onepartfor theneededprotocolsuite,supplement-
edby otherprotocolsmoretunedfor theneedsof differentpartsof
aninteractive mediaapplication.

Many applicationsarebestdesignedaroundtheuseof multiplepro-
tocols:it maybethatnon-interactivemediaaretransportedby RTP,
interactive mediaby anotherprotocol,andbulk transferof datais
handledby someform of reliablemulticast.Thispresentsnoprob-
lem to a well designedsystem,andallows for considerableflexi-
bility, for exampleby transportingthedifferentmediaon different
transportaddressesthey canbe assignedto a differentQoScate-
gories.It alsoallowsfor eachmediato betransportedby aprotocol
optimisedfor thatclassof application,in accordancewith theprin-
ciplesof applicationlevel framing[2].

Finally, it is our belief thatthedevelopmentof a commonframing
protocolfor interactivemediais of importance.Thereexistsagreat
dealof commonfunctionalitybetweendifferentapplicationclass-
es,and it is desirableto leveragethat into a single framework if
possible.
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