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Abstract

Thismemorandumis a revisionof RFC2326,which is currentlya ProposedStandard.
The RealTime StreamingProtocol,or RTSP, is an application-level protocol for control over the

deliveryof datawith real-timeproperties.RTSPprovidesanextensibleframework to enablecontrolled,
on-demanddelivery of real-timedata,suchasaudioandvideo. Sourcesof datacanincludeboth live
datafeedsandstoredclips. This protocolis intendedto controlmultiple datadelivery sessions,provide
a meansfor choosingdeliverychannelssuchasUDP, multicastUDP andTCP, andprovidea meansfor
choosingdeliverymechanismsbaseduponRTP (RFC1889).
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1 Intr oduction

1.1 The Updateof the RTSPSpecification

This is thedraft to anupdateof theRTSPwhich currentlyis a proposedstandarddefinedin [21]. During
theyearssinceRTSPwaspublishedmany flawshasbeenfound.Thisdraft triesto addressthese.Thework
is not yet completedto getall known issuesresolved.

Thegoalis to progressRTSPto draftstandard.If thatis possiblewithoutfirst publishingit asaproposed
standardis not yet determined,asit dependson thechangesnecessaryto make theprotocolwork.

Seethelist of changesin chapterF to seewhathasbeenaddressed.Thecurrentlyopenissuesarelisted
in chapterE.

Thereis currentlya list of reportedbugsavailableat ”http://rtspspec.sourceforge.net”. This list should
be taken into accountwhenreadingthis specification.A lot of thesebugsareaddressedbut not yet all.
Pleasecommenton unresolvedonesto giveyour view.

Anotherway of giving input on this work is to sende-mail to the MMUSIC WG’s mailing list mmu-
sic@ietf.org andtheauthors.
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Takespecialnoticeof thefollowing:

� Theexamplesection 15hasnot yet beenrevisedasthechangesto protocolhasnotbeencompleted.

� TheBNF chapter16 hasneitherbeencompiledcompletely.

All of the contentsof RFC 2326 is not longer part of this draft. In an attemptto prevent the draft
from becomingto thick for its own good,thespecificationhasbeenreducedandsplit. Thecontentof this
draft is thecorespecificationof theprotocol. It containsthebasicideabehindRTSP, thebasicandgeneral
functionalitynecessaryto establishon-demandaplay-backsession,andtheprotocolextensionmechanisms.
Thisallow ustookeepthisdraft asshortaspossible,it is however still a ratherthick document.

Any otherfunctionalitywill bepublishedasextensiondocuments.Sofar thereexist two proposals:

� NAT and FW traversalmechanismsfor RTSP are describedin a documentcalled ”How to make
Real-TimeStreamingProtocol(RTSP)traverseNetwork AddressTranslators(NAT) andinteractwith
Firewalls.” [33].

� TheMUTE extension[34] containsaproposalonhow to addthepossibilityto MUTE andUNMUTE
mediastreamsin a aggregatedmediasessionwithout affectingthetime-lineof theplayback.Unfor-
tunatelythedrafthasexpiredin IETF’s repository.

Therehasbeendiscussionaboutthefollowing extensionsto RTSP, they havehoweversofarnotbecome
concreteproposals:

� Transportsecurityfor RTSPmessages(rtsps).

� Unreliabletransportof RTSPmessages(rtspu).

� TheRecordfunctionality.

� A text body type with suitablesyntaxfor basicparametersto be usedin SET PARAMETER, and
GET PARAMETER. IncludingIANA registry within thedefinednamespace.

� An RTSPMIB.

1.2 Purpose

TheReal-TimeStreamingProtocol(RTSP)establishesandcontrolseitherasingleorseveraltime-synchronized
streamsof continuousmediasuchasaudioandvideo. It doesnot typically deliver thecontinuousstreams
itself, althoughinterleaving of thecontinuousmediastreamwith thecontrolstreamis possible(seeSection
11.11).In otherwords,RTSPactsasa “network remotecontrol” for multimediaservers.

Thesetof streamsto becontrolledis definedby apresentationdescription.Thismemorandumdoesnot
definea formatfor apresentationdescription.

Thereis no necessityfor a notionof anRTSPconnection;instead,a server maintainsa sessionlabeled
by anidentifier. An RTSPsessionis in normallynot tied to a transport-level connectionsuchasaTCPcon-
nection.During anRTSPsession,anRTSPclient mayopenandclosemany reliabletransportconnections
to theserver to issueRTSPrequests.Alternatively, it mayusea connectionlesstransportprotocolsuchas
UDP.
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Thestreamscontrolledby RTSPmayuseRTP [1], but theoperationof RTSPdoesnot dependon the
transportmechanismusedto carrycontinuousmedia.

Theprotocolis intentionallysimilar in syntaxandoperationto HTTP/1.1[26] sothatextensionmecha-
nismsto HTTP canin mostcasesalsobeaddedto RTSP. However, RTSPdiffers in a numberof important
aspectsfrom HTTP:

� RTSPintroducesanumberof new methodsandhasadifferentprotocolidentifier.

� An RTSPserver needsto maintainstateby default in almostall cases,asopposedto the stateless
natureof HTTP.

� Both anRTSPserver andclient canissuerequests.

� Datais usuallycarriedout-of-bandby a differentprotocol. Sessiondescriptionsis onepossibleex-
ception.

� RTSPis definedto useISO 10646(UTF-8) ratherthanISO 8859-1,consistentwith currentHTML
internationalization efforts [3].

� TheRequest-URIalwayscontainstheabsoluteURI. Becauseof backward compatibilitywith a his-
torical blunder, HTTP/1.1[26] carriesonly theabsolutepathin therequestandputsthehostnamein
aseparateheaderfield.

Thismakes“virtual hosting”easier, whereasinglehostwith oneIP addresshostsseveraldocumenttrees.

Theprotocolsupportsthefollowing operations:

Retrieval of media fr om mediaserver: The client can requesta presentationdescriptionvia HTTP or
someothermethod. If thepresentationis beingmulticast,the presentationdescriptioncontainsthe
multicastaddressesandportsto be usedfor the continuousmedia. If the presentationis to be sent
only to theclient via unicast,theclient providesthedestinationfor securityreasons.

Invitation of a mediaserver to a conference: A mediaserver canbe“invited” to join anexisting confer-
enceto play backmediainto thepresentation.This modeis usefulfor distributedteachingapplica-
tions.Severalpartiesin theconferencemaytake turns“pushingtheremotecontrolbuttons”.

Addition of media to an existing presentation: Particularlyfor livepresentations,it is usefulif theserver
cantell theclient aboutadditionalmediabecomingavailable.

RTSPrequestsmaybehandledby proxies,tunnelsandcachesasin HTTP/1.1[26].

1.3 Requirements

Thekey words“MUST”, “MUST NOT”, “REQUIRED”, “SHALL”, “SHALL NOT”, “SHOULD”, “SHOULD
NOT”, “RECOMMENDED”, “MAY”, and“OPTIONAL” in thisdocumentareto beinterpretedasdescribed
in RFC2119[4].
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1.4 Terminology

Someof the terminologyhasbeenadoptedfrom HTTP/1.1[26]. Termsnot listed herearedefinedasin
HTTP/1.1.

Aggregatecontrol: The control of the multiple streamsusing a single timeline by the server. For au-
dio/videofeeds,this meansthat theclient may issuea singleplay or pausemessageto controlboth
theaudioandvideofeeds.

Aggregatecontrol URI: TheURI that representsthewholeaggregate. Normally specifiedin thesession
description.

Conference: amultiparty, multimediapresentation,where“multi” impliesgreaterthanor equalto one.

Client: Theclient requestsmediaservicefrom themediaserver.

Connection: A transportlayervirtual circuit establishedbetweentwo programsfor thepurposeof commu-
nication.

Container file: A file which may containmultiple mediastreamswhich often comprisea presentation
whenplayedtogether. RTSPserversmayoffer aggregatecontrolon thesefiles, thoughtheconceptof
acontainerfile is notembeddedin theprotocol.

Continuousmedia: Datawherethereis a timing relationshipbetweensourceandsink; that is, the sink
must reproducethe timing relationshipthat existedat the source. The mostcommonexamplesof
continuousmediaareaudioandmotionvideo.Continuousmediacanbereal-time(interactive), where
thereis a “tight” timing relationshipbetweensourceandsink, or streaming(playback), wherethe
relationshipis lessstrict.

Entity: Theinformationtransferredasthepayloadof a requestor response.An entity consistsof metain-
formationin the form of entity-headerfieldsandcontentin theform of anentity-body, asdescribed
in Section8.

Feature-tag: A tagrepresentinga certainsetof functionality, i.e. a feature.

Media initialization: Datatype/codecspecificinitialization. This includessuchthingsasclockrates,color
tables,etc. Any transport-independent informationwhich is requiredby a client for playbackof a
mediastreamoccursin themediainitialization phaseof streamsetup.

Media parameter: Parameterspecificto a mediatypethatmaybechangedbeforeor duringstreamplay-
back.

Media server: The server providing playbackservicesfor oneor moremediastreams.Differentmedia
streamswithin a presentationmayoriginatefrom differentmediaservers.A mediaserver mayreside
on thesameor adifferenthostasthewebserver thepresentationis invokedfrom.

Media server indir ection: Redirectionof amediaclient to adifferentmediaserver.

(Media) stream: A singlemediainstance,e.g.,anaudiostreamor avideostreamaswell asasinglewhite-
boardor sharedapplicationgroup. WhenusingRTP, a streamconsistsof all RTP andRTCPpack-
ets createdby a sourcewithin an RTP session.This is equivalent to the definition of a DSM-CC
stream([5]).
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Message:Thebasicunit of RTSPcommunication,consistingof a structuredsequenceof octetsmatching
thesyntaxdefinedin Section16 andtransmittedvia aconnectionor aconnectionlessprotocol.

Non-AggregatedControl: Controlof asinglemediastream.Only possiblein RTSPsessionswith asingle
media.

Participant: Memberof aconference.A participantmaybeamachine,e.g.,aplaybackserver.

Presentation: A set of one or more streamspresentedto the client as a completemedia feed, using a
presentationdescriptionasdefinedbelow. In mostcasesin theRTSPcontext, this impliesaggregate
controlof thosestreams,but doesnothave to.

Presentationdescription: A presentationdescriptioncontainsinformationaboutoneormoremediastreams
within apresentation,suchasthesetof encodings,network addressesandinformationaboutthecon-
tent. OtherIETF protocolssuchasSDP(RFC2327[24]) usetheterm“session”for a live presenta-
tion. Thepresentationdescriptionmaytake severaldifferentformats,includingbut not limited to the
sessiondescriptionformatSDP.

Response:An RTSPresponse.If anHTTP responseis meant,thatis indicatedexplicitly.

Request: An RTSPrequest.If anHTTP requestis meant,thatis indicatedexplicitly.

RTSPsession:A stateestablishedonaRTSPserverby aclientwith anSETUP request.TheRTSPsession
exist until it eithertimeoutsor is explicitly removedby aTEARDOWN request.Thesessioncontains
stateaboutwhichmediaresourcesthatcanbeplayedandtheir transport.

Transport initialization: Thenegotiationof transportinformation(e.g.,portnumbers,transportprotocols)
betweentheclientandtheserver.

1.5 Protocol Properties

RTSPhasthefollowing properties:

Extendable: New methodsandparameterscanbeeasilyaddedto RTSP.

Easyto parse: RTSPcanbeparsedby standardHTTP or MIME parsers.

Secure: RTSPre-usesweb securitymechanisms,either at the transportlevel (TLS, RFC 2246 [27]) or
within theprotocolitself. All HTTP authenticationmechanismssuchasbasic(RFC2616[26, Sec-
tion 11]) anddigestauthentication(RFC2069[6]) aredirectly applicable.

Transport-independent: RTSPmay useeitheran unreliabledatagramprotocol(UDP) (RFC 768 [7]), a
reliabledatagramprotocol(RDP, RFC1151,not widely used[8]) or a reliablestreamprotocolsuch
asTCP(RFC793[9]) asit implementsapplication-level reliability.

Multi-ser ver capable: Eachmediastreamwithin apresentationcanresideonadifferentserver. Theclient
automaticallyestablishesseveralconcurrentcontrolsessionswith thedifferentmediaservers.Media
synchronizationis performedat thetransportlevel.

Control of recordingdevices: The protocolcancontrol both recordingandplaybackdevices,aswell as
devicesthatcanalternatebetweenthetwo modes(“VCR”).
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Separationof streamcontrol and conferenceinitiation: Streamcontrol is divorcedfrom inviting a me-
dia server to a conference.In particular, SIP [10] or H.323[28] may be usedto invite a server to a
conference.

Suitable for professionalapplications: RTSPsupportsframe-level accuracy throughSMPTEtimestamps
to allow remotedigital editing.

Presentationdescription neutral: The protocoldoesnot imposea particularpresentationdescriptionor
metafileformatandcanconvey thetypeof formatto beused.However, thepresentationdescription
mustcontainat leastoneRTSPURI.

Proxy and fir ewall friendly: The protocol shouldbe readily handledby both applicationand transport-
layer (SOCKS[11]) firewalls. A firewall may needto understandthe SETUP methodto opena
“hole” for theUDPmediastream.

HTTP-friendly: Wheresensible,RTSPreusesHTTP concepts,so that the existing infrastructurecanbe
reused.This infrastructureincludesPICS(Platformfor InternetContentSelection[12, 13]) for asso-
ciatinglabelswith content.However, RTSPdoesnot just addmethodsto HTTP sincethecontrolling
continuousmediarequiresserver statein mostcases.

Appropriate server control: If a client canstarta stream,it mustbeableto stopa stream.Serversshould
not startstreamingto clientsin suchaway thatclientscannotstopthestream.

Transport negotiation: Theclient cannegotiatethetransportmethodprior to actuallyneedingto process
acontinuousmediastream.

Capability negotiation: If basicfeaturesaredisabled,theremustbesomecleanmechanismfor theclient
to determinewhich methodsare not going to be implemented. This allows clients to presentthe
appropriateuserinterface.For example,if seekingis not allowed, theuserinterfacemustbeableto
disallow moving aslidingpositionindicator.

An earlierrequirementin RTSPwasmulti-client capability. However, it wasdeterminedthata betterapproach

wasto make surethat theprotocolis easilyextensibleto themulti-client scenario.Streamidentifierscanbeused

by several control streams,so that “passingthe remote”would be possible.The protocolwould not addresshow

severalclientsnegotiateaccess;this is left to eithera “social protocol” or someotherfloor controlmechanism.

1.6 Extending RTSP

Sincenot all mediaservershave the samefunctionality, mediaserversby necessitywill supportdifferent
setsof requests.For example:

� A server maynotbecapableof seeking(absolutepositioning)if it is to supportlive eventsonly.

� Someserversmay not supportsettingstreamparametersandthusnot supportGET PARAMETER
andSET PARAMETER.

A server SHOULDimplementall headerfieldsdescribedin Section13.

H. Schulzrinne,A. Rao,R. Lanphier, M. Westerlund ExpiresSeptember, 2003 [Page11]



INTERNET-DRAFT draft-draft-ietf-mmusic-rfc2326bis-03.ps March3, 2003

It is up to thecreatorsof presentationdescriptionsnot to asktheimpossibleof aserver. Thissituationis
similar in HTTP/1.1[26], wherethemethodsdescribedin [H19.5] arenot likely to besupportedacrossall
servers.

RTSPcanbeextendedin threeways,listedherein orderof themagnitudeof changessupported:

� Existing methodscanbe extendedwith new parameters,as long astheseparameterscanbe safely
ignoredby therecipient.(This is equivalentto addingnew parametersto anHTML tag.) If theclient
needsnegative acknowledgementwhena methodextensionis not supported,a tagcorrespondingto
theextensionmaybeaddedin theRequire: field (seeSection13.32).

� New methodscanbeadded.If therecipientof themessagedoesnotunderstandtherequest,it responds
with errorcode501(Not Implemented)andthesendershouldnot attemptto usethis methodagain.
A client mayalsousetheOPTIONS methodto inquireaboutmethodssupportedby theserver. The
server SHOULDlist themethodsit supportsusingthePublic responseheader.

� A new versionof theprotocolcanbedefined,allowing almostall aspects(exceptthepositionof the
protocolversionnumber)to change.

Thebasiccapabilitydiscovery mechanismcanbeusedto bothdiscoversupportfor acertainfeatureand
to ensurethata featureis availablewhenperforminga request.For detailedexplanationof this seechapter
10.

1.7 Overall Operation

Eachpresentationandmediastreammaybe identifiedby anRTSPURL. Theoverall presentationandthe
propertiesof the mediathe presentationis madeup of aredefinedby a presentationdescriptionfile, the
formatof which is outsidethescopeof this specification.Thepresentationdescriptionfile maybeobtained
by the client usingHTTP or othermeanssuchasemail andmay not necessarilybe storedon the media
server.

For the purposesof this specification,a presentationdescriptionis assumedto describeoneor more
presentations,eachof which maintainsa commontime axis. For simplicity of expositionandwithout loss
of generality, it is assumedthat the presentationdescriptioncontainsexactly one suchpresentation.A
presentationmaycontainseveralmediastreams.

The presentationdescriptionfile containsa descriptionof the mediastreamsmakingup the presenta-
tion, including their encodings,language,andotherparametersthat enablethe client to choosethe most
appropriatecombinationof media. In this presentationdescription,eachmediastreamthat is individually
controllableby RTSPis identifiedby an RTSPURL, which pointsto the mediaserver handlingthat par-
ticular mediastreamandnamesthestreamstoredon thatserver. Severalmediastreamscanbe locatedon
differentservers; for example,audioandvideo streamscanbe split acrossservers for load sharing. The
descriptionalsoenumerateswhich transportmethodstheserver is capableof.

Besidesthemediaparameters,thenetwork destinationaddressandport needto bedetermined.Several
modesof operationcanbedistinguished:

Unicast: Themediais transmittedto thesourceof theRTSPrequest,with theport numberchosenby the
client. Alternatively, themediais transmittedon thesamereliablestreamasRTSP.

Multicast, server choosesaddress: The mediaserver picks the multicastaddressand port. This is the
typical casefor a live or near-media-on-demandtransmission.
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Multicast, client choosesaddress: If the server is to participatein an existing multicastconference,the
multicastaddress,port andencryptionkey aregiven by the conferencedescription,establishedby
meansoutsidethescopeof this specification.

1.8 RTSP States

RTSPcontrolsa streamwhichmaybesentvia a separateprotocol,independentof thecontrolchannel.For
example,RTSPcontrolmayoccuron a TCPconnectionwhile thedataflows via UDP. Thus,datadelivery
continuesevenif noRTSPrequestsarereceivedby themediaserver. Also,duringits lifetime,asinglemedia
streammaybecontrolledby RTSPrequestsissuedsequentiallyon differentTCPconnections.Therefore,
theserver needsto maintain“sessionstate”to beableto correlateRTSPrequestswith a stream.Thestate
transitionsaredescribedin Appendix A.

Many methodsin RTSPdonotcontributeto state.However, thefollowing playacentralrole in defining
the allocationand usageof streamresourceson the server: SETUP, PLAY, PAUSE, REDIRECT and
TEARDOWN.

SETUP: Causestheserver to allocateresourcesfor astreamandcreateanRTSPsession.

PLAY: Startsdatatransmissionon astreamallocatedvia SETUP.

PAUSE: Temporarilyhaltsastreamwithout freeingserver resources.

TEARDOWN: Freesresourcesassociatedwith thestream.TheRTSPsessionceasesto exist on theserver.

RTSPmethodsthat contribute to stateusethe Session headerfield (Section13.37)to identify the
RTSPsessionwhosestateis beingmanipulated.Theserver generatessessionidentifiersin response
to SETUP requests(Section11.3).

1.9 Relationshipwith Other Protocols

RTSP hassomeoverlap in functionality with HTTP. It also may interactwith HTTP in that the initial
contactwith streamingcontentis often to bemadethrougha webpage.Thecurrentprotocolspecification
aimsto allow differenthand-off pointsbetweenawebserver andthemediaserver implementingRTSP. For
example,the presentationdescriptioncanbe retrieved usingHTTP or RTSP, which reducesroundtripsin
web-browser-basedscenarios,yet alsoallows for standaloneRTSPserversandclientswhich donot rely on
HTTP atall.

However, RTSPdiffers fundamentallyfrom HTTP in that mostdatadelivery takesplaceout-of-band
in a differentprotocol. HTTP is an asymmetricprotocolwherethe client issuesrequestsand the server
responds.In RTSP, both themediaclient andmediaserver canissuerequests.RTSPrequestsarealsonot
stateless;they may setparametersandcontinueto control a mediastreamlong after the requesthasbeen
acknowledged.

Re-usingHTTP functionality hasadvantagesin at leasttwo areas,namelysecurityandproxies. The require-

mentsarevery similar, sohaving theability to adoptHTTP work on caches,proxiesandauthenticationis valuable.

While mostreal-timemediawill useRTPasa transportprotocol,RTSPis not tied to RTP.
RTSPassumestheexistenceof a presentationdescriptionformat thatcanexpressbothstaticandtem-

poralpropertiesof apresentationcontainingseveralmediastreams.
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2 Notational Conventions

Sincemany of the definitionsandsyntaxare identical to HTTP/1.1,this specificationonly points to the
sectionwherethey aredefinedratherthancopying it. For brevity, [HX.Y] is to betakento referto Section
X.Y of thecurrentHTTP/1.1specification(RFC2616[26]).

All themechanismsspecifiedin this documentaredescribedin bothproseandanaugmentedBackus-
Naurform(BNF) similarto thatusedin [H2.1]. It isdescribedin detailin RFC2234[14], with thedifference
thatthisRTSPspecificationmaintainsthe“#” notationfor comma-separatedlists from [H2.1].

In this draft, we useindentedandsmaller-typeparagraphsto provide backgroundandmotivation. This
is intendedto give readerswhowerenot involvedwith theformulationof thespecificationanunderstanding
of why thingsaretheway thatthey arein RTSP. b

3 Protocol Parameters

3.1 RTSP Version

HTTPSpecificationSection[H3.1] applies,with HTTPreplacedby RTSP. Thisspecificationdefinesversion
1.0of RTSP.

3.2 RTSP URL

The“rtsp”, “rtsps” and“rtspu” schemesareusedto referto network resourcesvia theRTSPprotocol.This
sectiondefinesthescheme-specificsyntaxandsemanticsfor RTSPURLs.

rtsp URL = ( ”rtsp:” / ”rtspu:” / ”rtsps:” )
”//” host [ ”:” port ] [ abs path ] [ ”#” fragment ]

host = As defined by RFC 2732 [30]
abs path = As defined by RFC 2396 [22]
port = *DIGIT

Notethatfragmentandqueryidentifiersdonothaveawell-definedmeaningat this time,with theinterpretation

left to theRTSPserver.

Theschemertsp requiresthatcommandsareissuedvia a reliableprotocol(within the Internet,TCP),
while the schemertspu identifiesan unreliableprotocol (within the Internet,UDP). The schemertsps
identifiesa reliabletransportusingTLS [27]. Thertspuandrtspsis not definedin this specificationandif
for futureextensionsof theprotocol.

If theport is emptyor notgiven,port554is assumed.Thesemanticsarethattheidentifiedresourcecan
becontrolledby RTSPattheserver listeningfor TCP(scheme“rtsp”) connectionsor UDP(scheme“rtspu”)
packetson thatport of host, andtheRequest-URI for theresourceis rtsp URL.

Theuseof IP addressesin URLs SHOULD beavoidedwhenever possible(seeRFC1924[16]). Note:
Usingqualifieddomainnamesin any URL is onerequirementfor makingit possiblefor RFC2326imple-
mentationsof RTSPto useIPv6. This specificationis updatedto allow for literal IPv6 addressesin RTSP
URLs usingthehostspecificationin RFC2732[30].

A presentationor a streamis identifiedby a textual mediaidentifier, usingthecharactersetandescape
conventions[H3.2] of URLs(RFC2396[22]). URLsmayreferto astreamor anaggregateof streams,i.e.,a
presentation.Accordingly, requestsdescribedin Section11canapplyto eitherthewholepresentationor an
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individual streamwithin thepresentation.Note thatsomerequestmethodscanonly beappliedto streams,
notpresentationsandvice versa.

For example,theRTSPURL:

rtsp://media.example.com:554/twister/audiotrack

identifiesthe audiostreamwithin the presentation“twister”, which canbe controlledvia RTSPrequests
issuedover aTCPconnectionto port554of hostmedia.example.com.

Also, theRTSPURL:

rtsp://media.example.com:554/twister

identifiesthepresentation“twister”, whichmaybecomposedof audioandvideostreams.

This doesnot imply a standardway to referencestreamsin URLs. The presentationdescriptiondefinesthe

hierarchicalrelationshipsin the presentationandthe URLs for the individual streams.A presentationdescription

maynamea stream“a.mov” andthewholepresentation“b.mov”.

The pathcomponentsof the RTSPURL areopaqueto the client anddo not imply any particularfile
systemstructurefor theserver.

Thisdecouplingalsoallowspresentationdescriptionsto beusedwith non-RTSPmediacontrolprotocolssimply

by replacingtheschemein theURL.

3.3 SessionIdentifiers

Sessionidentifiersarestringsof any arbitrarylength. A sessionidentifierMUST bechosenrandomlyand
MUST beat leasteightcharacterslong to make guessingit moredifficult. (SeeSection17.)

session-id = 8*( ALPHA / DIGIT / safe )

3.4 SMPTE RelativeTimestamps

A SMPTErelative timestampexpressestime relative to the startof the clip. Relative timestampsareex-
pressedasSMPTEtimecodesfor frame-level accessaccuracy. Thetimecodehastheformat

hours:minutes:seconds:frames.subframes,

with the origin at the startof the clip. The default smpteformat is“SMPTE 30 drop” format, with frame
rateis 29.97framespersecond.OtherSMPTEcodesMAY besupported(suchas”SMPTE 25”) through
theuseof alternative useof ”smptetime”. For the “frames” field in the time valuecanassumethevalues
0 through29. Thedifferencebetween30 and29.97framespersecondis handledby droppingthefirst two
frameindices(values00 and01) of every minute,exceptevery tenthminute. If the framevalueis zero,it
maybeomitted.Subframesaremeasuredin one-hundredthof a frame.
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smpte-range = smpte-type ”=” smpte-range-spec
smpte-range-spec = ( smpte-time ”-” [ smpte-time ] )

/ ( ”-” smpte-time )
smpte-type = ”smpte” / ”smpte-30-drop” / ”smpte-25”

; othertimecodesmaybeadded
smpte-time = 1*2DIGIT ”:” 1*2DIGIT ”:” 1*2DIGIT

[ ”:” 1*2DIGIT [ ”.” 1*2DIGIT ] ]

Examples:

smpte=10:12:33:20-
smpte=10:07:33-
smpte=10:07:00-10:07:33:05.01
smpte-25=10:07:00-10:07:33:05.01

3.5 Normal Play Time

Normalplay time(NPT) indicatesthestreamabsolutepositionrelative to thebeginningof thepresentation,
not to beconfusedwith theNetwork Time Protocol(NTP). The timestampconsistsof a decimalfraction.
Thepart left of thedecimalmaybe expressedin eithersecondsor hours,minutes,andseconds.The part
right of thedecimalpoint measuresfractionsof asecond.

Thebeginningof apresentationcorrespondsto 0.0seconds.Negativevaluesarenotdefined.Thespecial
constantnow is definedasthecurrentinstantof a liveevent. It MAY only beusedfor liveevents,andSHALL

NOT beusedfor on-demandcontent.
NPT is definedasin DSM-CC:“Intuitively, NPTis theclock theviewerassociateswith aprogram.It is

oftendigitally displayedonaVCR.NPTadvancesnormallywhenin normalplaymode(scale= 1),advances
at a fasterratewhenin fastscanforward(high positive scaleratio),decrementswhenin scanreverse(high
negative scaleratio)andis fixedin pausemode.NPT is (logically) equivalentto SMPTEtime codes.” [5]

npt-range = [”npt” ”=”] npt-range-spec
; implementationsSHOULD usenpt=prefix,but SHOULD
; bepreparedto interoperatewith RFC2326
; implementationswhichdon’t useit

npt-range-spec = ( npt-time ”-” [ npt-time ] ) / ( ”-” npt-time )
npt-time = ”now” / npt-sec / npt-hhmmss
npt-sec = 1*DIGIT [ ”.” *DIGIT ]
npt-hhmmss = npt-hh ”:” npt-mm ”:” npt-ss [ ”.” *DIGIT ]
npt-hh = 1*DIGIT ; any positive number
npt-mm = 1*2DIGIT ; 0-59
npt-ss = 1*2DIGIT ; 0-59

Examples:

npt=123.45-125
npt=12:05:35.3-
npt=now-
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Thesyntaxconformsto ISO8601.Thenpt-secnotationis optimizedfor automaticgeneration,thentp-hhmmss

notationfor consumptionby humanreaders.The “now” constantallows clientsto requestto receive the live feed

ratherthanthestoredor time-delayedversion.This is neededsinceneitherabsolutetime nor zerotime areappro-

priatefor this case.

3.6 AbsoluteTime

Absolutetime is expressedas ISO 8601 timestamps,using UTC (GMT). Fractionsof a secondmay be
indicated.

utc-range = ”clock” ”=” utc-range-spec
utc-range-spec = ( utc-time ”-” [ utc-time ] ) / ( ”-” utc-time )
utc-time = utc-date ”T” utc-time ”Z”
utc-date = 8DIGIT ; � YYYYMMDD �
utc-time = 6DIGIT [ ”.” fraction ] ; � HHMMSS.fraction �
fraction = 1*DIGIT

Examplefor November8, 1996at14h37and20 andaquartersecondsUTC:

19961108T143720.25Z

3.7 Feature-tags

Feature-tagsareuniqueidentifiersusedto designatenew featuresin RTSP. Thesetagsareusedin in Re-
quire (Section13.32),Proxy-Require (Section13.27),Unsupported (Section 13.41),andSupported
(Section13.38)headerfields.
Syntax:

feature-tag = token

Thecreatorof a new RTSPfeature-tagshouldeitherprefix thefeature-tagwith a reversedomainname
(e.g.,“com.foo.mynewfeature”is anaptnamefor a featurewhoseinventorcanbereachedat “foo.com”), or
registerthenew feature-tagwith theInternetAssignedNumbersAuthority (IANA), seeIANA Section 18.

4 RTSP Message

RTSPis a text-basedprotocolandusesthe ISO 10646charactersetin UTF-8 encoding(RFC2279[18]).
Linesareterminatedby CRLF, but receiversshouldbepreparedto alsointerpretCR andLF by themselves
asline terminators.

Text-basedprotocolsmake it easierto addoptionalparametersin a self-describingmanner. Sincethenumber
of parametersandthefrequency of commandsis low, processingefficiency is not a concern.Text-basedprotocols,
if donecarefully, alsoallow easyimplementationof researchprototypesin scriptinglanguagessuchasTcl, Visual
BasicandPerl.

The10646charactersetavoidstricky charactersetswitching,but is invisible to theapplicationaslong asUS-

ASCII is beingused. This is alsothe encodingusedfor RTCP. ISO 8859-1translatesdirectly into Unicodewith

a high-orderoctetof zero. ISO 8859-1characterswith the most-significantbit setarerepresentedas1100001x

10xxxxxx. (SeeRFC2279[18])
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RTSPmessagescanbecarriedoverany lower-layertransportprotocolthatis8-bit clean.RTSPmessages
arevulnerableto bit errorsandSHOULD NOT besubjectedto them.

Requestscontainmethods,theobjectthemethodis operatinguponandparametersto furtherdescribe
themethod.Methodsareidempotent,unlessotherwisenoted.Methodsarealsodesignedto requirelittle or
no statemaintenanceat themediaserver.

4.1 MessageTypes

See[H4.1].

4.2 MessageHeaders

See[H4.2].

4.3 MessageBody

See[H4.3]

4.4 MessageLength

Whena messagebody is includedwith a message,the length of that body is determinedby one of the
following (in orderof precedence):

1. Any responsemessagewhich MUST NOT includea messagebody (suchasthe 1xx, 204,and304
responses)is alwaysterminatedby thefirst emptyline aftertheheaderfields,regardlessof theentity-
headerfieldspresentin themessage.(Note: An emptyline consistsof only CRLF.)

2. If aContent-Length headerfield (section13.14)is present,its valuein bytesrepresentsthelengthof
themessage-body. If this headerfield is notpresent,avalueof zerois assumed.

NotethatRTSPdoesnot(atpresent)supporttheHTTP/1.1“chunked” transfercoding(see[H3.6.1])and
requiresthepresenceof theContent-Length headerfield.

Giventhemoderatelengthof presentationdescriptionsreturned,theserver shouldalwaysbeableto determine

its length,evenif it is generateddynamically, makingthechunkedtransferencodingunnecessary.

5 General HeaderFields

See[H4.5], except that Pragma, Trailer, Transfer-Encoding, Upgrade, and Warning headersare not
defined.RTSPfurtherdefinestheCSeq, andTimestamp:

general-header = Cache-Control ; Section13.9
/ Connection ; Section13.10
/ CSeq ; Section13.17
/ Date ; Section13.18
/ Timestamp ; Section13.39
/ Via ; Section13.44
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6 Request

A requestmessagefrom a client to a server or vice versaincludes,within thefirst line of thatmessage,the
methodto beappliedto theresource,theidentifierof theresource,andtheprotocolversionin use.

Request = Request-Line ; Section6.1
*( general-header ; Section5
/ request-header ; Section6.2
/ entity-header ) ; Section8.1

CRLF
[ message-body ] ; Section4.3

6.1 RequestLine

Request-Line = Method SP Request-URI SP RTSP-Version CRLF

Method = ”DESCRIBE” ; Section11.2
/ ”GET PARAMETER” ; Section11.7
/ ”OPTIONS” ; Section11.1
/ ”PAUSE” ; Section11.5
/ ”PLAY” ; Section11.4
/ ”PING” ; Section11.10
/ ”REDIRECT” ; Section11.9
/ ”SETUP” ; Section11.3
/ ”SET PARAMETER” ; Section11.8
/ ”TEARDOWN” ; Section11.6
/ extension-method

extension-method = token
Request-URI = ”*” / absolute URI
RTSP-Version = ”RTSP” ”/” 1*DIGIT ”.” 1*DIGIT
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6.2 RequestHeaderFields

request-header = Accept ; Section13.1
/ Accept-Encoding ; Section13.2
/ Accept-Language ; Section13.3
/ Authorization ; Section13.6
/ Bandwidth ; Section13.7
/ Blocksize ; Section13.8
/ From ; Section13.20
/ If-Modified-Since ; Section13.23
/ Proxy-Require ; Section13.27
/ Range ; Section13.29
/ Referer ; Section13.30
/ Require ; Section13.32
/ Scale ; Section13.34
/ Session ; Section13.37
/ Speed ; Section13.35
/ Supported ; Section13.38
/ Transport ; Section13.40
/ User-Agent ; Section13.42

Notethatin contrastto HTTP/1.1[26], RTSPrequestsalwayscontaintheabsoluteURL (thatis, includ-
ing thescheme,hostandport) ratherthanjust theabsolutepath.

HTTP/1.1requiresserversto understandthe absoluteURL, but clientsaresupposedto usethe Host request

header. Thisis purelyneededfor backward-compatibilitywith HTTP/1.0servers,aconsiderationthatdoesnotapply

to RTSP.

Theasterisk“*” in theRequest-URImeansthat therequestdoesnot applyto a particularresource,but
to the server or proxy itself, and is only allowed when the methoduseddoesnot necessarilyapply to a
resource.

Oneexamplewouldbe:

OPTIONS * RTSP/1.0

Which will determinethecapabilitiesof theserver or theproxy thatfirst receivestherequest.If oneneeds
to addresstheserver explicitly oneneedsto put in a absoluteURL with theserversaddress.

OPTIONS rtsp://example.com RTSP/1.0

7 Response

[H6] appliesexcept that HTTP-Version is replacedby RTSP-Version. Also, RTSP definesadditional
statuscodesanddoesnot definesomeHTTP codes.Thevalid responsecodesandthemethodsthey canbe
usedwith aredefinedin Table1.
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After receiving andinterpretinga requestmessage,therecipientrespondswith anRTSPresponsemes-
sage.

Response = Status-Line ; Section7.1
*( general-header ; Section5
/ response-header ; Section7.1.2
/ entity-header ) ; Section8.1

CRLF
[ message-body ] ; Section4.3

7.1 Status-Line

Thefirst line of a Responsemessageis theStatus-Line, consistingof theprotocolversionfollowed by a
numericstatuscode,andthetextual phraseassociatedwith thestatuscode,with eachelementseparatedby
SP characters.No CR or LF is allowedexceptin thefinal CRLFsequence.

Status-Line = RTSP-Version SP Status-Code SP Reason-Phrase CRLF

7.1.1 StatusCodeand ReasonPhrase

TheStatus-Codeelementis a3-digit integerresultcodeof theattemptto understandandsatisfytherequest.
Thesecodesarefully definedin Section12. The Reason-Phrase is intendedto give a short textual de-
scriptionof theStatus-Code.TheStatus-Code is intendedfor useby automataandtheReason-Phraseis
intendedfor thehumanuser. Theclient is not requiredto examineor displaytheReason-Phrase.

The first digit of the Status-Code definesthe classof response.The last two digits do not have any
categorizationrole. Thereare5 valuesfor thefirst digit:

� 1xx: Informational- Requestreceived,continuingprocess

� 2xx: Success- Theactionwassuccessfullyreceived,understood,andaccepted

� 3rr: Redirection- Furtheractionmustbetakenin orderto completetherequest

� 4xx: ClientError - Therequestcontainsbadsyntaxor cannotbefulfilled

� 5xx: Server Error - Theserver failedto fulfill anapparentlyvalid request

The individual valuesof thenumericstatuscodesdefinedfor RTSP/1.0,andan examplesetof corre-
spondingReason-Phrase’s, arepresentedbelow. The reasonphraseslisted hereareonly recommended
– they may be replacedby local equivalentswithout affecting the protocol. Note that RTSPadoptsmost
HTTP/1.1 [26] statuscodesand addsRTSP-specificstatuscodesstartingat x50 to avoid conflicts with
newly definedHTTP statuscodes.
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Status-Code = ”100” ; Continue
/ ”200” ; OK
/ ”201” ; Created
/ ”250” ; Low on StorageSpace
/ ”300” ; Multiple Choices
/ ”301” ; MovedPermanently
/ ”302” ; MovedTemporarily
/ ”303” ; SeeOther
/ ”304” ; Not Modified
/ ”305” ; UseProxy
/ ”350” ; GoingAway
/ ”351” ; LoadBalancing
/ ”400” ; BadRequest
/ ”401” ; Unauthorized
/ ”402” ; PaymentRequired
/ ”403” ; Forbidden
/ ”404” ; Not Found
/ ”405” ; MethodNot Allowed
/ ”406” ; Not Acceptable
/ ”407” ; ProxyAuthenticationRequired
/ ”408” ; RequestTime-out
/ ”410” ; Gone
/ ”411” ; LengthRequired
/ ”412” ; PreconditionFailed
/ ”413” ; RequestEntity TooLarge
/ ”414” ; Request-URITooLarge
/ ”415” ; UnsupportedMediaType
/ ”451” ; ParameterNot Understood
/ ”452” ; reserved
/ ”453” ; Not EnoughBandwidth
/ ”454” ; SessionNot Found
/ ”455” ; MethodNot Valid in ThisState
/ ”456” ; HeaderField Not Valid for Resource
/ ”457” ; Invalid Range
/ ”458” ; ParameterIs Read-Only
/ ”459” ; Aggregateoperationnotallowed
/ ”460” ; Only aggregateoperationallowed
/ ”461” ; Unsupportedtransport
/ ”462” ; Destinationunreachable
/ ”500” ; InternalServer Error
/ ”501” ; Not Implemented
/ ”502” ; BadGateway
/ ”503” ; ServiceUnavailable
/ ”504” ; Gateway Time-out
/ ”505” ; RTSPVersionnot supported
/ ”551” ; Optionnot supported
/ extension-code
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extension-code = 3DIGIT

Reason-Phrase = * � TEXT, excludingCR, LF �

RTSPstatuscodesareextensible.RTSPapplicationsarenot requiredto understandthemeaningof all
registeredstatuscodes,thoughsuchunderstandingis obviously desirable.However, applicationsMUST
understandtheclassof any statuscode,asindicatedby thefirst digit, andtreatany unrecognizedresponse
asbeingequivalentto the x00 statuscodeof that class,with theexceptionthatan unrecognizedresponse
MUST NOT becached.For example,if anunrecognizedstatuscodeof 431is receivedby theclient, it can
safelyassumethat therewassomethingwrongwith its requestandtreatthe responseasif it hadreceived
a 400 statuscode. In suchcases,useragentsSHOULD presentto the userthe entity returnedwith the
response,sincethatentity is likely to includehuman-readableinformationwhich will explain theunusual
status.

7.1.2 ResponseHeader Fields

The response-headerfields allow the requestrecipientto passadditionalinformationaboutthe response
whichcannotbeplacedin theStatus-Line. Theseheaderfieldsgive informationabouttheserverandabout
furtheraccessto theresourceidentifiedby theRequest-URI.

response-header = Accept-Ranges ; Section13.4
/ Location ; Section13.25
/ Proxy-Authenticate ; Section13.26
/ Public ; Section13.28
/ Range ; Section13.29
/ Retry-After ; Section13.31
/ RTP-Info ; Section13.33
/ Scale ; Section13.34
/ Session ; Section13.37
/ Server ; Section13.36
/ Speed ; Section13.35
/ Transport ; Section13.40
/ Unsupported ; Section13.41
/ Vary ; Section13.43
/ WWW-Authenticate ; Section13.45

Response-headerfield namescanbeextendedreliablyonly in combinationwith achangein theprotocol
version.However, new or experimentalheaderfieldsMAY begiventhesemanticsof response-headerfields
if all partiesin thecommunicationrecognizethemto beresponse-headerfields.Unrecognizedheaderfields
aretreatedasentity-headerfields.

8 Entity

RequestandResponsemessagesMAY transferanentity if nototherwiserestrictedby therequestmethodor
responsestatuscode.An entityconsistsof entity-headerfieldsandanentity-body, althoughsomeresponses
will only includetheentity-headers.
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Code reason
100 Continue all
200 OK all
201 Created RECORD
250 Low on StorageSpace RECORD
300 Multiple Choices all
301 MovedPermanently all
302 Found all
303 SeeOther all
305 UseProxy all
350 GoingAway all
351 LoadBalancing all
400 BadRequest all
401 Unauthorized all
402 PaymentRequired all
403 Forbidden all
404 Not Found all
405 MethodNot Allowed all
406 Not Acceptable all
407 ProxyAuthenticationRequired all
408 RequestTimeout all
410 Gone all
411 LengthRequired all
412 PreconditionFailed DESCRIBE,SETUP
413 RequestEntity Too Large all
414 Request-URIToo Long all
415 UnsupportedMediaType all
451 ParameterNot Understood SET PARAMETER
452 reserved n/a
453 Not EnoughBandwidth SETUP
454 SessionNot Found all
455 MethodNot Valid In This State all
456 HeaderFieldNot Valid all
457 Invalid Range PLAY, PAUSE
458 ParameterIs Read-Only SET PARAMETER
459 AggregateOperationNot Allowed all
460 Only AggregateOperationAllowed all
461 UnsupportedTransport all
462 DestinationUnreachable all
500 InternalServerError all
501 Not Implemented all
502 BadGateway all
503 ServiceUnavailable all
504 GatewayTimeout all
505 RTSPVersionNot Supported all
551 Optionnotsupport all

Table1: Statuscodesandtheirusagewith RTSPmethods

H. Schulzrinne,A. Rao,R. Lanphier, M. Westerlund ExpiresSeptember, 2003 [Page24]



INTERNET-DRAFT draft-draft-ietf-mmusic-rfc2326bis-03.ps March3, 2003

In thissection,bothsenderandrecipientreferto eithertheclient or theserver, dependingon whosends
andwhoreceivestheentity.

8.1 Entity HeaderFields

Entity-headerfieldsdefineoptionalmeta-informationabouttheentity-bodyor, if no bodyis present,about
theresourceidentifiedby therequest.

entity-header = Allow ; Section13.5
/ Content-Base ; Section13.11
/ Content-Encoding ; Section13.12
/ Content-Language ; Section13.13
/ Content-Length ; Section13.14
/ Content-Location ; Section13.15
/ Content-Type ; Section13.16
/ Expires ; Section13.19
/ Last-Modified ; Section13.24
/ extension-header

extension-header = message-header

Theextension-headermechanismallows additionalentity-headerfieldsto bedefinedwithout changing
theprotocol,but thesefieldscannotbeassumedto berecognizableby the recipient.Unrecognizedheader
fieldsSHOULDbeignoredby therecipientandforwardedby proxies.

8.2 Entity Body

See[H7.2] with the addition that a RTSP messagewith an entity body MUST include a Content-Type
header.

9 Connections

RTSPrequestscanbetransmittedin severaldifferentways:

� persistenttransportconnectionsusedfor severalrequest-responsetransactions;

� oneconnectionperrequest/responsetransaction;

� connectionlessmode.

The type of transportconnectionis definedby the RTSPURI (Section3.2). For thescheme“rtsp”, a
connectionis assumed,while the scheme“rtspu” calls for RTSPrequeststo be sentwithout settingup a
connection.

Unlike HTTP, RTSPallows the mediaserver to sendrequeststo the mediaclient. However, this is
only supportedfor persistentconnections,asthemediaserverotherwisehasnoreliablewayof reachingthe
client. Also, this is theonly way thatrequestsfrom mediaserver to client arelikely to traversefirewalls.
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9.1 Pipelining

A client thatsupportspersistentconnectionsor connectionlessmodeMAY “pipeline” its requests(i.e.,send
multiple requestswithout waiting for eachresponse).A server MUST sendits responsesto thoserequests
in thesameorderthattherequestswerereceived.

9.2 Reliability and Acknowledgements

Requestsare acknowledgedby the receiver unlessthey aresentto a multicastgroup. If thereis no ac-
knowledgement,thesendermayresendthesamemessageaftera timeoutof oneround-triptime(RTT). The
round-trip time is estimatedas in TCP (RFC 1123) [15], with an initial round-tripvalueof 500 ms. An
implementationMAY cachethelastRTT measurementastheinitial valuefor futureconnections.

If a reliabletransportprotocolis usedto carryRTSP, requestsMUST NOT beretransmitted;theRTSP
applicationMUST insteadrely on theunderlyingtransportto provide reliability.

If boththeunderlyingreliabletransportsuchasTCPandtheRTSPapplicationretransmitrequests,it is possible
thateachpacket lossresultsin two retransmissions.Thereceiver cannottypically takeadvantageof theapplication-
layer retransmissionsincethe transportstackwill not deliver the application-layerretransmissionbeforethe first
attempthasreachedthe receiver. If the packet loss is causedby congestion,multiple retransmissionsat different
layerswill exacerbatethecongestion.

If RTSPis usedover a small-RTT LAN, standardproceduresfor optimizing initial TCP roundtrip estimates,

suchasthoseusedin T/TCP(RFC1644)[19], canbebeneficial.

The Timestamp header(Section13.39) is usedto avoid the retransmissionambiguity problem[20,
p. 301]andobviatestheneedfor Karn’s algorithm.

Eachrequestcarriesa sequencenumberin the CSeq header(Section13.17),which MUST be incre-
mentedby onefor eachdistinctrequesttransmitted.If arequestis repeatedbecauseof lackof acknowledge-
ment,therequestMUST carrytheoriginalsequencenumber(i.e., thesequencenumberis not incremented).

SystemsimplementingRTSPMUST supportcarrying RTSPover TCP andMAY supportUDP. The
default port for theRTSPserver is 554for bothUDPandTCP.

A numberof RTSPpacketsdestinedfor thesamecontrolendpoint maybepacked into a singlelower-
layerPDUor encapsulatedinto aTCPstream.RTSPdataMAY beinterleavedwith RTPandRTCPpackets.
Unlike HTTP, an RTSP messageMUST containa Content-Length headerfield whenever that message
containsapayload.Otherwise,anRTSPpacket is terminatedwith anemptyline immediatelyfollowing the
lastmessageheader.

9.3 The usageof connections

TCP canbe usedfor both persistentconnectionsand for onemessageexchangeper connection,as pre-
sentedabove. This sectiongivesfurtherrulesandrecommendationson how to handletheseconnectionsso
maximuminteroperabilityandflexibility canbeachieved.

A server SHALL handlebothpersistentconnectionsandonerequest/responsetransactionperconnection.
A persistentconnectionMAY beusedfor all transactionsbetweentheserver andclient, includingmessages
to multiple RTSPsessions.However the persistentconnectionMAY also be closedafter a few message
exchanges,e.g.theinitial setupandplaycommandin asession.Laterwhentheclient wishesto sendanew
request,e.g. pause,to thesessiona new connectionis opened.This connectionmayeitherbefor a single
messageexchangeor canbekeptopenfor severalmessages,i.e. persistent.
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A majormotivationfor allowing non-persistentconnectionsarethatthey ensurefault tolerance.A server
andclient supportingnon-persistentconnectioncansurvive a lossof a TCPconnection,e.g. dueto a NAT
timeout.Whentheit is discoveredthattheTCPconnectionhasbeenlostonesetsup anew one.

The client MAY closethe connectionat any time when no outstandingrequest/responsetransactions
exist. The server SHOULD NOT closethe connectionunlessat leastoneRTSPsessiontimeoutperiodhas
passedwithout datatraffic. A server MUST NOT initiate a closeof a connectiondirectly afterrespondingto
aTEARDOWN requestfor thewholesession.

The client SHOULD NOT have more thanoneconnectionto the server at any given point. If a client
or proxy handlesmultiple RTSPsessionson the sameserver, it is RECOMMENDED to useonly a single
connection.

Older serviceswhich was implementedaccordingto RFC 2326sometimesrequiresthe client to use
persistentconnection.Theclientclosingtheconnectionmayresultin thattheserverremovesthesession.To
achieveinteroperabilitywith oldserversany clientis stronglyRECOMMENDED tousepersistentconnections.

A Client is alsostronglyRECOMMENDED to usepersistentconnectionsasit allows theserver to send
requestto theclient. In caseswherenoconnectionexist betweentheserverandtheclient,thismaycausethe
server to beforcedto drop theRTSPsessionwithout notifying theclient why,dueto the lack of signalling
channel.An exampleof sucha caseis whentheserver desiresto senda REDIRECT requestfor a RTSP
sessionto theclient.

If aservicerequirestheuseof persistentconnectionanfeature-tagis specifiedfor usagein theRequire
andProxy-Require headers.

con.persistent

A server implementedaccordingto this specificationMUST respondthat it supportsthe ”play.basic”
feature-tagabove. A client MAY senda requestincluding the Supported headerin a requestto deter-
minesupportof non-persistentconnections.A server supportingnon-persistentconnectionswill returnthe
”play.basic”feature-tagin its response.If theclient receivesthefeature-tagin theresponse,it canbecertain
thattheserver handlesnon-persistentconnections.

9.4 Useof IPv6

This specificationhasbeenupdatedsothat it supportsIPv6. However this supportwasnot presentin RFC
2326thereforesomeinteroperabilityissuesexist. A RFC2326implementationcansupportIPv6 aslong as
no explicit IPv6 addressesareusedwithin RTSPmessages.This requirethatany RTSPURL pointingat a
IPv6hostmustusefully qualifieddomainnameandnota IPv6 address.FurthertheTransport headermust
notusetheparameterssource anddestination.

Implementationsaccordingto thisspecificationMUST understandIPv6addressesin URLs,andheaders.
By this requirementthe feature-tag”play.basic”canbeusedto determinethata server or client is capable
of handlingIPv6 within RTSP.

10 Capability Handling

This chapterdescribesthe capability handlingmechanismavailable in RTSP which allows RTSP to be
extended.Extensionstoo thisversionof theprotocolarebasicallydonein two ways.First,new headerscan
beadded.Secondly, new methodscanbeadded.Thecapabilityhandlingmechanismis designedto handle
thesetwo cases.
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WhenamethodisaddedtheinvolvedpartiescanusetheOPTIONS methodtodiscover if it is supported.
This is doneby issuinga OPTIONS requestto theotherparty. Dependingon theURL it will eitherapply
in regardsto a certainmediaresource,thewholeserver in general,or simply thenext hop. TheOPTIONS
responsewill containaPublic whichdeclaresall methodssupportedfor theindicatedresource.

It is not necessaryto useOPTIONS to discover supportof a method,it is possibleto simpletry it. If
thereceiver of therequestdoesnot supportthemethodit will respondwith anerrorcodeindicatingthethe
methodareeithernot implemented(501)or doesnot applyfor theresource(405). Thechoicebetweenthe
two discovery methodsdependson therequirementsof theservice.

To handlefunctionality additionsthat arenot new methodsfeature-tagsaredefined. Eachfeature-tag
representsa certainblock of functionality. The amountof functionality that a feature-tagrepresentscan
vary significant.A simplefeature-tagcansimplerepresentthefunctionalitya singleheadergives.Another
feature-tagis ”play.basic”which representstheminimalplaybackimplementationaccordingto theupdated
specification.

Thefeature-tagsarethenusedto determineif theclient, server or proxy supportsthefunctionality that
is necessaryto achieve thedesiredservice.To determinesupportof a feature-tagseveraldifferentheaders
canbeused,eachexplainedbelow:

Supported: Thesupportedheaderareusedto determinethecompletesetof functionality thatbothclient
andserver has. The intendedusageis to determinebeforeoneneedsto usea functionality that it is
supported.If canbeusedin any methodhowever OPTIONS is themostsuitableasoneat thesame
time determinesall methodsthat are implemented.Whensendinga requestthe requestordeclares
all its capabilitiesby includingall supportedfeature-tags.The resultsin that the receiver learnsthe
requestorsfeaturesupport.Thereceiver thenincludesits setof featuresin theresponse.

Require: TheRequire headercanbeincludedin any requestwheretheendpoint, i.e. theclient or server,
is requiredto understandthe featureto correctly perform the request. This can for examplebe a
SETUPrequestwheretheserver mustunderstanda certainparameterto beableto setup themedia
delivery correctly. Ignoring this parameterwould not have the desiredeffect andis not acceptable.
Thereforetheend-pointreceiving a requestcontaininga Require mustnegatively acknowledgeany
featurethatit doesnot understandandnot performtherequest.Theresponsein caseswherefeatures
arenot understoodare551 (Option Not Supported).Also the featuresthat arenot understoodare
givenin theUnsupported headerin theresponse.

Proxy-Require: This methodhasthe samepurposeandworkingsasRequire exceptthat it only applies
to proxiesandnot theendpoint. Featuresthatneedsto besupportedby bothproxiesandend-point
needsto beincludedin boththeRequire andProxy-Require header.

Unsupported: This headeris usedin 551 error responseto tell which feature(s)that wasnot supported.
Sucha responseis only the resultof theusageof theRequire and/orProxy-Require headerwhere
oneor morefeaturewherenot supported.This informationallows the requestorto make thebestof
situationsasit knows which featuresthatwasnot supported.

11 Method Definitions

Themethod tokenindicatesthemethodto beperformedontheresourceidentifiedby theRequest-URI.
The methodis case-sensitive. New methodsmay be definedin the future. Methodnamesmay not start
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with a$ character(decimal24)andmustbeatoken asdefinedby theABNF. Methodsaresummarizedin
Table2.

method direction object Server req. Client req.
DESCRIBE ����� P,S recommended recommended
GET PARAMETER ����� , ����� P,S optional optional
OPTIONS ����� , ����� P,S R=Req,Sd=Opt Sd=Req,R=Opt
PAUSE ����� P,S recommended recommended
PING ����� , ����� P,S recommended optional
PLAY ����� P,S required required
REDIRECT �	��� P,S optional optional
SETUP ����� S required required
SET PARAMETER ����� , ����� P,S optional optional
TEARDOWN ����� P,S required required

Table2: Overview of RTSPmethods,their direction,andwhat objects(P: presentation,S: stream)they
operateon. Legend:R=Respondeto, Sd=Send,Opt: Optional,Req:Required,Rec:Recommended

Noteson Table2: PAUSE is recommended,but not requiredin that a fully functionalserver canbe
built thatdoesnot supportthis method,for example,for live feeds.If a server doesnot supporta particular
method,it MUST return501 (Not Implemented)anda client SHOULD not try this methodagainfor this
server.

11.1 OPTIONS

Thebehavior is equivalentto thatdescribedin [H9.2]. An OPTIONS requestmaybe issuedat any time,
e.g.,if theclient is aboutto try a nonstandardrequest.It doesnot influencethesessionstate.ThePublic
headerMUST beincludedin responsesto indicatewhichmethodsthataresupportedby theserver. Tospecify
whichmethodsthatarepossibleto usefor thespecifiedresource,theAllow MAY beused.By includingin the
OPTIONS requestaSupported header, therequestercandeterminewhichfeaturestheotherpartsupports.

The requestURI determineswhich scopethe OPTIONS requesthas. By giving the URI of a certain
mediathe capabilitiesregardingthis mediawill be responded.By usingthe ”*” URI the requestregards
the next hop only, while having a URL with only the hostaddressregardsthe server without any media
relevance.

Example:

C->S: OPTIONS * RTSP/1.0
CSeq: 1
User-Agent: PhonyClient/1.2
Require:
Proxy-Require: gzipped-messages
Supported: play-basic

S->C: RTSP/1.0 200 OK
CSeq: 1
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Public: DESCRIBE, SETUP, TEARDOWN, PLAY, PAUSE
Supported: play-basic, implicit-play, gzipped-messages
Server: PhonyServer/1.0

Notethatsomeof thefeature-tagsin Require andProxy-Require arenecessarilyfictional features(one
wouldhopethatwewouldnotpurposefullyoverlookatruly usefulfeaturejustsothatwecouldhaveastrong
examplein thissection).

11.2 DESCRIBE

TheDESCRIBE methodretrievesthedescriptionof apresentationor mediaobjectidentifiedby therequest
URL from a server. It mayusetheAccept headerto specifythedescriptionformatsthat theclient under-
stands.Theserver respondswith a descriptionof therequestedresource.TheDESCRIBE reply-response
pair constitutesthemediainitialization phaseof RTSP.

Example:

C->S: DESCRIBE rtsp://server.example.com/fizzle/foo RTSP/1.0
CSeq: 312
User-Agent: PhonyClient 1.2
Accept: application/sdp, application/rtsl, application/mheg

S->C: RTSP/1.0 200 OK
CSeq: 312
Date: 23 Jan 1997 15:35:06 GMT
Server: PhonyServer 1.0
Content-Type: application/sdp
Content-Length: 376

v=0
o=mhandley 2890844526 2890842807 IN IP4 126.16.64.4
s=SDP Seminar
i=A Seminar on the session description protocol
u=http://www.cs.ucl.ac.uk/staff/M.Handley/sdp.03.ps
e=mjh@isi.edu (Mark Handley)
c=IN IP4 224.2.17.12/127
t=2873397496 2873404696
a=recvonly
m=audio 3456 RTP/AVP 0
m=video 2232 RTP/AVP 31
m=application 32416 UDP WB
a=orient:portrait

TheDESCRIBE responseMUST containall mediainitialization informationfor theresource(s)that it
describes.If a mediaclient obtainsa presentationdescriptionfrom a sourceother thanDESCRIBE and
that descriptioncontainsa completesetof mediainitialization parameters,the client SHOULD usethose
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parametersandnot thenrequestadescriptionfor thesamemediavia RTSP.
Additionally, serversSHOULD NOT usetheDESCRIBE responseasameansof mediaindirection.

By forcing a DESCRIBE responseto containall mediainitialization for the setof streamsthat it describes,
anddiscouraginguseof DESCRIBE for mediaindirection,weavoid loopingproblemsthatmight resultfrom other
approaches.

Media initialization is a requirementfor any RTSP-basedsystem,but theRTSPspecificationdoesnot dictate
thatthismustbedonevia theDESCRIBE method.TherearethreewaysthatanRTSPclientmayreceive initializa-
tion information:


 via RTSP’sDESCRIBE method;

 via someotherprotocol(HTTP, emailattachment,etc.);

 via thecommandline or standardinput (thusworking asa browserhelperapplicationlaunchedwith anSDP

file or othermediainitialization format).

It is RECOMMENDED that minimal servers supportthe DESCRIBE method,and highly recommendedthat

minimal clients supportthe ability to act as a “helper application” that acceptsa media initialization file from

standardinput,commandline, and/orothermeansthatareappropriateto theoperatingenvironmentof theclient.

11.3 SETUP

The SETUP requestfor a URI specifiesthe transportmechanismto be usedfor the streamedmedia. A
client can issuea SETUP requestfor a streamthat is alreadysetup or playing in the sessionto change
transportparameters,which a server MAY allow. If it doesnot allow this, it MUST respondwith error455
(MethodNot Valid In ThisState).

A server MAY allow aclient to do SETUPwhile in playingstateto addadditionalmediastreams.If not
supportedthe server shall respondewith error 455 (MethodNot Allowed In This State). If supportedthe
addedmediashall thenstartto play in syncwith thealreadyplayingmedia. To beableto syncthemedia
with thealreadyplayingstreamstheSETUP responseMUST includeaRTP-Info headerwith thetimestamp
value,anda Range headerwith thecorrespondingnormalplay time. To indicatesupportfor this optional
featurethefeature-tag:”setup.playing”is defined.

For thebenefitof any interveningfirewalls,aclient mustindicatethetransportparametersevenif it has
no influenceover theseparameters,for example,wheretheserver advertisesafixedmulticastaddress.

SinceSETUP includesall transportinitializationinformation,firewallsandotherintermediatenetwork devices

(which needthis information)aresparedthe morearduoustaskof parsingthe DESCRIBE response,which has

beenreservedfor mediainitialization.

TheTransport headerspecifiesthetransportparametersacceptableto theclient for datatransmission;
theresponsewill containthetransportparametersselectedby theserver.

C->S: SETUP rtsp://example.com/foo/bar/baz.rm RTSP/1.0
CSeq: 302
Transport: RTP/AVP;unicast;client_port=4588-4589

S->C: RTSP/1.0 200 OK
CSeq: 302
Date: 23 Jan 1997 15:35:06 GMT
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Server: PhonyServer 1.0
Session: 47112344
Transport: RTP/AVP;unicast;
client_port=4588-4589;server_port=6256-6257

Theservergeneratessessionidentifiersin responseto SETUP requests.If aSETUP requestto aserver
includesasessionidentifier, theserver MUST bundlethissetuprequestinto theexistingsession(aggregated
session)or returnerror459(AggregateOperationNot Allowed)(seeSection12.4.11).

To control an aggregatedsessionan aggregatedcontrol URI MUST be used. The aggregatedcontrol
URI MUST bedifferentfrom any of themediacontrolURIs includedin theaggregate.TheaggregatedURI
SHOULD bespecifiedby sessiondescription,asno generalruleexist to derive it from theincludedmedia’s.

A sessionwill exist until it is torn down by a TEARDOWN requestor times out. The server MAY

remove a sessionthathave hadno livenesssignsfrom theclient in thespecifiedtimeouttime. Thedefault
timeouttime is 60 seconds,theserver MAY setthis to anothervalue,by in theSETUP responseincludea
timeoutvaluein thesession header. For furtherdiscussionseechapter13.37.Signsof client livenessare:

� RTCPsenderor receiver reportsfrom theclient in any of theRTPsessionspartof theRTSPsession.

� Any RTSPrequestwhich includesaSession headerwith thesession’s ID.

11.4 PLAY

The PLAY methodtells the server to startsendingdatavia the mechanismspecifiedin SETUP. A client
MUST NOT issuea PLAY requestuntil any outstandingSETUP requestshave beenacknowledgedassuc-
cessful.

In anaggregatedsessionthePLAY requestMUST containanaggregatedcontrolURL. A server SHALL

respondewith error460(Only AggregateOperationAllowed)if theclient PLAY requestURI is for oneof
themedia.Themediain anaggregateSHALL beplayedin sync. If a client want individual controlof the
mediait mustuseseparateRTSPsessionsfor eachmedia.

ThePLAY requestpositionsthenormalplay time to thebeginningof therangespecifiedby theRange
headeranddelivers streamdatauntil the endof the rangeis reached.To allow for precisecomposition
multiple rangesMAY bespecified.Therangevaluesarevalid if all givenrangesarepartof any media.If a
givenrangevaluepointsoutsideof themedia,theresponseSHALL bethe457(Invalid Range)errorcode.

Thebelow examplewill first play seconds10 through15, then,immediatelyfollowing, seconds20 to
25,andfinally seconds30 throughtheend.

C->S: PLAY rtsp://audio.example.com/audio RTSP/1.0
CSeq: 835
Session: 12345678
Range: npt=10-15, npt=20-25, npt=30-

Seethedescriptionof thePAUSE requestfor furtherexamples.
A PLAY requestwithout a Range headeris legal. It startsplayinga streamfrom thebeginningunless

thestreamhasbeenpaused.If a streamhasbeenpausedvia PAUSE, streamdelivery resumesat thepause
point.
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TheRange headermayalsocontaina time parameter. Thisparameterspecifiesatime in UTC atwhich
theplaybackshouldstart.If themessageis receivedafterthespecifiedtime,playbackis startedimmediately.
Thetime parametermaybeusedto aid in synchronizationof streamsobtainedfrom differentsources.Note:
Theusageof time hastwo problems.First, at the time requestedtheRTSPstatemachinemaynot accept
the request.The client will not get any notificationof the failure. Secondly, the server hasdifficulties to
producethe synchronizationinformationfor the RTP-Info headeraheadof the actuallyplay-out. Due to
thesereasonsit is RECOMMENDED that a client not issuesmore than one timed requestand no request
without timing , until it is performed.The server SHALL in responsesto timed PLAY requestgive in the
RTP-Info header, the sequencenumberof the next RTP packet that will be sendfor that media,the RTP
timestampvaluecorrespondingto theactivation time of the request.Unlessthe sessionis in pausedstate
andnot playsa singlemediapacket theRTP sequencenumberwill bein error. TheRTP timestampshould
becorrectunlessanothertimestampratehasbeenusedin betweentheissuingof therequestandactivation.

Server MUST includea ”Range” headerin any PLAY response.The responseMUST usethe same
format as the request’s rangeheadercontained. If no Rangeheaderwas in the request,the NPT time
formatSHOULD be usedunlessthe client showed supportfor otherformats. For a sessionwith live me-
dia streamsthe RangeheaderMUST also be given, containinga valid time indication. It is RECOM-
MENDED thateither”npt=now-” or a absolutetime value(clock) for thecorrespondingtime is given, i.e.
”clock=20030213T143205Z-”. TheUTC clock formatSHOULD only beusedif client hasshown support
for it.

For aon-demandstream,theserver MUST replywith theactualrangethatwill beplayedback.Thismay
differ from the requestedrangeif alignmentof the requestedrangeto valid frameboundariesis required
for the mediasource. If no rangeis specifiedin the request,the startposition SHALL still be returnedin
the reply. The unit of the rangein the reply is the sameasthat in the request. If the mediaspart of an
aggregatehasdifferentlengthsthePLAY requestandany Range SHALL beperformedaslongit is valid for
thelongestmedia.Mediawill besentwhenever it is availablefor thegivenplay-outpoint.

After playing the desiredrange,the presentationis NOT automaticallypaused,mediadeliver simply
stops.A PAUSE requestMUST beissuedbeforeanotherPLAY requestcanissued.Note:This is onechange
resultingin anon-operabilitywith RFC2326implementations.A clientnot issuingaPAUSE requestbefore
anew PLAY will bestuckin PLAYING state.A clientdesiringto play themediafrom thebeginningMUST

sendaPLAY requestwith aRange headerpointingat thebeginning,e.g.npt=0-.
Thefollowing exampleplaysthewholepresentationstartingatSMPTEtimecode0:10:20until theend

of theclip. Theplaybackis to startat 15:36on 23 Jan1997.Note: TheRTP-Info headershasbeenbroken
into several linesto fit thepage.

C->S: PLAY rtsp://audio.example.com/twister.en RTSP/1.0
CSeq: 833
Session: 12345678
Range: smpte=0:10:20-;time=19970123T153600Z

S->C: RTSP/1.0 200 OK
CSeq: 833
Date: 23 Jan 1997 15:35:06 GMT
Server: PhonyServer 1.0
Range: smpte=0:10:22-;time=19970123T153600Z
RTP-Info:url=rtsp://example.com/twister.en;
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seq=14783;rtptime=2345962545

For playingbacka recordingof a live presentation,it maybedesirableto useclock units:

C->S: PLAY rtsp://audio.example.com/meeting.en RTSP/1.0
CSeq: 835
Session: 12345678
Range: clock=19961108T142300Z-19961108T143520Z

S->C: RTSP/1.0 200 OK
CSeq: 835
Date: 23 Jan 1997 15:35:06 GMT
Server:PhonyServer 1.0
Range: clock=19961108T142300Z-19961108T143520Z
RTP-Info:url=rtsp://example.com/meeting.en;

seq=53745;rtptime=484589019

A mediaserver only supportingplaybackMUST supportthenpt formatandMAY supporttheclock and
smpte formats.

All rangespecifiersin this specificationallow for rangeswith unspecifiedbegin times(e.g. “npt=-30”).
Whenusedin a PLAY request,theserver treatsthis asa requestto start/resumeplaybackfrom thecurrent
pausepoint, endingat theendtime specifiedin theRange header. If thepausepoint is locatedlater than
thegivenendvalue,a457(Invalid Range)responseSHALL begiven.

Thequeuedplay functionalitydescribedin RFC2326 [21] is removedandmultiple rangescanbeused
to achieve a similar performance.If a server receivesa PLAY requestwhile in thePLAY state,theserver
SHALL respondeusingtheerrorcode455(MethodNot Valid In This State).This will signaltheclient that
queuedplay arenot supported.

The useof PLAY for keep-alive signaling,i.e. PLAY requestwithout a range header, hasalsobeen
decapitated.Insteada client canuse,PING, SET PARAMETER or OPTIONS for keepalive. A server
receiving aPLAY keepalive SHALL respondwith the455errorcode.

Whenplayinglive media,indicatedby theAccept-Ranges headerthesessionarein a live state.This
live statewill put somerestrictionson theactionavailablefor a client. A PLAY requestwithout a Range
headerwill startmediadeliver at the currentpoint in the live presentation,i.e. now. Any seekingin the
mediawill be impossible. The only allowed usageof the Range headeris npt=now-, andcertainclock
units. Theusageof npt=now- is unnecessaryasit hastheexactsamemeaningasa requestwithout Range
header. Theclock formatcanbeusedto specifystartandstoptimesfor mediadelivery in a livesession.

11.5 PAUSE

The PAUSE requestcausesthe streamdelivery to be interrupted(halted)temporarily. A PAUSE request
MUST bedonewith theaggregatedcontrolURI for aggregatedsessions,resultingin all mediabeinghalted,
or themediaURI for non-aggregatedsessions.Any attemptto domutingof asinglemediawith anPAUSE
requestin anaggregatedsessionSHALL berespondedwith error460(Only AggregateOperationAllowed).
After resumingplayback,synchronizationof thetracksMUST bemaintained.Any server resourcesarekept,
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thoughserversMAY closethesessionandfreeresourcesafterbeingpausedfor thedurationspecifiedwith
the timeout parameterof theSession headerin theSETUP message.

Example:

C->S: PAUSE rtsp://example.com/fizzle/foo RTSP/1.0
CSeq: 834
Session: 12345678

S->C: RTSP/1.0 200 OK
CSeq: 834
Date: 23 Jan 1997 15:35:06 GMT
Range: npt=45.76

ThePAUSE requestmaycontaina Range headerspecifyingwhenthestreamor presentationis to be
halted. We refer to this point asthe “pausepoint”. TheheaderMUST containa singlevalue,expressedas
thebeginningvalueanopenrange.For example,thefollowing clip will beplayedfrom 10secondsthrough
21 secondsof theclip’s normalplay time,undertheassumptionthatthePAUSE requestreachestheserver
within 11 secondsof thePLAY request.Notethatsomelineshasbeenbroken in annon-correctway to fit
thepage:

C->S: PLAY rtsp://example.com/fizzle/foo RTSP/1.0
CSeq: 834
Session: 12345678
Range: npt=10-30

S->C: RTSP/1.0 200 OK
CSeq: 834
Date: 23 Jan 1997 15:35:06 GMT
Server: PhonyServer 1.0
Range: npt=10-30
RTP-Info:url=rtsp://example.com/fizzle/audiotrack;

seq=5712;rtptime=934207921,
url=rtsp://example.com/fizzle/videotrack;
seq=57654;rtptime=2792482193

Session: 12345678

C->S: PAUSE rtsp://example.com/fizzle/foo RTSP/1.0
CSeq: 835
Session: 12345678
Range: npt=21-

S->C: RTSP/1.0 200 OK
CSeq: 835
Date: 23 Jan 1997 15:35:09 GMT
Server: PhonyServer 1.0
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Range: npt=21-
Session: 12345678

Thepauserequestbecomeseffective thefirst time theserver is encounteringthetime point specifiedin
any of themultiple ranges.If theRange headerspecifiesa time outsideany rangefrom thePLAY request,
theerror457(Invalid Range)SHALL bereturned.If a mediaunit (suchasanaudioor video frame)starts
presentationat exactly thepausepoint, it is not played.If theRange headeris missing,streamdelivery is
interruptedimmediatelyonreceiptof themessageandthepausepoint is setto thecurrentnormalplay time.
However, thepausepoint in themediastreamMUST bemaintained.A subsequentPLAY requestwithout
Range headerresumesfrom thepausepoint andplayuntil mediaend.

The actualpausepoint after any PAUSE requestSHALL be returnedto the client by addinga Range
headerwith what remainsunplayedof the PLAY request’s ranges,i.e. including all the remainingranges
partof multiple rangespecification.If onedesiresto resumeplayinga rangedrequest,onesimpleincluded
theRange headerfrom thePAUSE response.

For example,if theserverhaveaplayrequestfor ranges10to 15and20to 29pendingandthenreceives
apauserequestfor NPT21,it wouldstartplayingthesecondrangeandstopatNPT21. If thepauserequest
is for NPT12andtheserver is playingatNPT13servingthefirst playrequest,theserverstopsimmediately.
If thepauserequestis for NPT 16, theserver returnsa 457errormessage.To preventthatthesecondrange
is playedandtheserver stopsaftercompletingthefirst range,aPAUSE requestfor 20 mustbeissued.

As anotherexample,if a server hasreceivedrequeststo play ranges10 to 15 andthen13 to 20 (that is,
overlappingranges),thePAUSE requestfor NPT=14wouldtakeeffectwhile theserverplaysthefirst range,
with thesecondrangeeffectively beingignored,assumingthePAUSE requestarrivesbeforetheserver has
startedplaying the second,overlappingrange. Regardlessof whenthe PAUSErequestarrives, it setsthe
pausepoint to 14.

If theserver hasalreadysentdatabeyond thetime specifiedin thethePAUSE requestRange header,
a PLAY without rangewould still resumeat thatpoint in time, specifiedby thepause’s rangeheader, asit
is assumedthat the client hasdiscardeddataafter that point. This ensurescontinuouspause/playcycling
without gaps.

11.6 TEARDOWN

TheTEARDOWN requeststopsthestreamdeliveryfor thegivenURI, freeingtheresourcesassociatedwith
it. If theURI is theaggregatedcontrolURI for thispresentation,any RTSPsessionidentifierassociatedwith
thesessionis no longervalid. The useof ”*” asURI in TEARDOWN will alsoresult in that thesession
is removed independentof the numberof mediasthat waspart of it. If the URI in the requestwasfor a
mediawithin anaggregatedsessionthatmediais removedfrom theaggregate.However thesessionandany
othermediastreamyet not torndown remains,andany valid request,e.g.PLAY or SETUP, canbeissued.
As anoptionalfeaturea server MAY keepthesessionin casethe last remainingmediais torn down with a
TEARDOWN requestwith anURI equalto themediaURI. To Indicatewhathasbeenperformed,a server
thatafterany TEARDOWN request,still hasavalid sessionMUST in theresponsereturnasessionheader.

A server MAY chooseto allow TEARDOWN of individualmediawhile in PLAY state.Whenthis is not
allowedtheresponseSHALL be455(MethodNot Valid In ThisState).If aserver implementsTEARDOWN
andSETUP in PLAY stateit MUST signalthisusingthe”setup.playing”feature-tag.

Example:

H. Schulzrinne,A. Rao,R. Lanphier, M. Westerlund ExpiresSeptember, 2003 [Page36]



INTERNET-DRAFT draft-draft-ietf-mmusic-rfc2326bis-03.ps March3, 2003

C->S: TEARDOWN rtsp://example.com/fizzle/foo RTSP/1.0
CSeq: 892
Session: 12345678

S->C: RTSP/1.0 200 OK
CSeq: 892
Server: PhonyServer 1.0

11.7 GET PARAMETER

TheGET PARAMETER requestretrievesthevalueof a parameterof a presentationor streamspecifiedin
theURI. If theSession headeris presentin a request,thevalueof a parameterMUST be retrieved in the
sessionscontext. Thecontentof thereply andresponseis left to theimplementation.GET PARAMETER
with no entity bodymaybeusedto testclient or server liveness(“ping”).

Example:

S->C: GET_PARAMETER rtsp://example.com/fizzle/foo RTSP/1.0
CSeq: 431
Content-Type: text/parameters
Session: 12345678
Content-Length: 15

packets_received
jitter

C->S: RTSP/1.0 200 OK
CSeq: 431
Content-Length: 46
Content-Type: text/parameters

packets_received: 10
jitter: 0.3838

The “text/parameters”sectionis only an exampletype for parameter. This methodis intentionally loosely

definedwith theintentionthatthereplycontentandresponsecontentwill bedefinedafterfurtherexperimentation.

11.8 SET PARAMETER

Thismethodrequeststo setthevalueof aparameterfor apresentationor streamspecifiedby theURI.
A requestis RECOMMENDED to only containa singleparameterto allow theclient to determinewhy a

particularrequestfailed. If therequestcontainsseveralparameters,theserver MUST only acton therequest
if all of theparameterscanbe setsuccessfully. A server MUST allow a parameterto be setrepeatedlyto
the samevalue,but it MAY disallow changingparametervalues. If the receiver of the requestdoesnot
understandor canlocatea parametererror 451 (ParameterNot Understood)SHALL be used. In the case
a parameteris not allowed to changethe error code458 (ParameterIs Read-Only). The responsebody
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SHOULD containonly theparametersthathaserrors.Otherwiseno bodySHALL bereturned.
Note: transportparametersfor themediastreamMUST only besetwith theSETUP command.

Restrictingsettingtransportparametersto SETUP is for thebenefitof firewalls.

Theparametersaresplit in afine-grainedfashionsothattherecanbemoremeaningfulerrorindications.How-

ever, it maymake senseto allow thesettingof severalparametersif anatomicsettingis desirable.Imaginedevice

controlwheretheclient doesnotwantthecamerato panunlessit canalsotilt to theright angleat thesametime.

Example:

C->S: SET_PARAMETER rtsp://example.com/fizzle/foo RTSP/1.0
CSeq: 421
Content-length: 20
Content-type: text/parameters

barparam: barstuff

S->C: RTSP/1.0 451 Parameter Not Understood
CSeq: 421
Content-length: 10
Content-type: text/parameters

barparam

The “text/parameters”sectionis only an exampletype for parameter. This methodis intentionally loosely

definedwith theintentionthatthereplycontentandresponsecontentwill bedefinedafterfurtherexperimentation.

11.9 REDIRECT

A redirectrequestinforms the client that it MUST connectto anotherserver location. The REDIRECT
requestMAY containtheheaderLocation,which indicatesthattheclientshouldissuerequestsfor thatURL.
If theLocationURL only containsa hostaddresstheclient shallconnectto thegivenhost,while usingthe
pathfrom theURL on thecurrentserver.

If a REDIRECT requestcontainsa Session header, it is end-to-endand appliesonly to the given
session.If thereareproxiesin therequestchain,they SHOULD NOT disconnectthecontrolchannelunless
thereareno remainingsessions.

If aREDIRECT requestdoesnotcontainaSession header, it is next-hopandappliesto thecontrolcon-
nection.TheLocation headerSHOULD only containahostaddress.If thereareproxiesin therequestchain,
they SHOULD do all of the following: (1) respondto the REDIRECT request,(2) disconnectthe control
channelfrom therequestor, (3) reconnectto thegivenhostaddress,and(4) passtherequestto eachappli-
cableclient (typically thoseclientswith anactive sessionor unansweredrequestfrom therequestor).Note
that the proxy is responsiblefor acceptingthe REDIRECT responsefrom its clientsandtheseresponses
MUST NOT bepassedon to eithertherequestingor thedestinationserver.

TheredirectrequestMAY containtheheaderRange, which indicateswhentheredirectiontakeseffect.
If the Range containsa ”time=” valuethat is the wall clock time that the redirectionMUST at the latest
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take place. Whenthe ”time=” parameteris presentthe rangevalueMUST be ignored. However the range
enteredMUST besyntacticalcorrectandSHALL pointat thebeginningof any on-demandcontent.If notime
parameteris partof theRange headerthenredirectionSHALL take placewhenthemediaplayoutfrom the
server reachesthegiventime. TherangevalueMUST beasinglevaluein theopenendedform, e.g.npt=59-.

If theclientwantsto continueto sendor receivemediafor this resource,theclient MUST issueaTEAR-
DOWN requestfor thecurrentsession.A new sessionmustbeestablishedwith thedesignatedhost.A client
SHOULD issueanew DESCRIBE requestwith theURL givenin theLocation header, unlesstheURL only
containsa hostaddress.In thecasestheLocation only containsa hostaddresstheclient MAY assumethat
themediaon theserver it is redirectedto is identical. Identicalmediameansthat all mediaconfiguration
informationfrom theold sessionstill is valid exceptfor thehostaddress.In thecaseof absoluteURLs in
thelocationheaderthemediaredirectedto canbeeitheridentical,slightly differentor totally different.This
is thereasonwhy anew DESCRIBE requestSHOULD beissued.

Thisexamplerequestredirectstraffic for this sessionto thenew server at thegivenabsolutetime:

S->C: REDIRECT rtsp://example.com/fizzle/foo RTSP/1.0
CSeq: 732
Location: rtsp://bigserver.com:8001
Range: clock=19960213T143205Z-
Session: uZ3ci0K+Ld-M

11.10 PING

Thismethodis abi-directionalmechanismfor server or client livenesschecking.It hasnosideeffects.The
issuerof therequestMUST includeasessionheaderwith thesessionID of thesessionthatis beingchecked
for liveness.

Prior to using this method,an OPTIONS methodis RECOMMENDED to be issuedin the direction
which thePING methodwould beused.This methodMUST NOT beusedif supportis not indicatedby the
Public header. Note:Thatan501(Not Implemented)responsemeansthatthekeep-alive timerhasnotbeen
updated.

Whena proxy is in use,PING with a * indicatesa single-hoplivenesscheck,whereasPING with a
URL includinganhostaddressindicatesanend-to-endlivenesscheck.

Example:

C->S: PING * RTSP/1.0
CSeq: 123
Session:12345678

S->C: RTSP/1.0 200 OK
CSeq: 123
Session:12345678

11.11 Embedded(Interleaved) Binary Data

Certainfirewall designsandothercircumstancesmayforceaserver to interleave RTSPmessagesandmedia
streamdata. This interleaving shouldgenerallybe avoided unlessnecessarysinceit complicatesclient
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andserver operationand imposesadditionaloverhead.Also headof line blocking may causeproblems.
InterleavedbinarydataSHOULDonly beusedif RTSPis carriedoverTCP.

StreamdatasuchasRTP packetsis encapsulatedby anASCII dollar sign(24 decimal),followedby a
one-bytechannelidentifier, followedby thelengthof theencapsulatedbinarydataasa binary, two-bytein-
tegerin network byteorder. Thestreamdatafollows immediatelyafterwards,withoutaCRLF, but including
theupper-layerprotocolheaders.Each$ blockcontainsexactlyoneupper-layerprotocoldataunit, e.g.,one
RTPpacket.

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
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
| "$" = 24 | Channel ID | Length in bytes |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
: Length number of bytes of binary data :
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

Thechannelidentifierisdefinedin theTransport headerwith theinterleaved parameter(Section13.40).
When the transportchoiceis RTP, RTCP messagesare also interleaved by the server over the TCP

connection.Theusageof RTCPmessagesis indicatedby includinga rangecontaininga secondchannelin
the interleaved parameterof theTransport header, seesection13.40.If RTCPis used,packetsSHALL be
sentonthefirst availablechannelhigherthantheRTPchannel.Thechannelsarebi-directionalandtherefore
RTCPtraffic aresenton thesecondchannelin bothdirections.

RTCP is neededfor synchronizationwhentwo or morestreamsareinterleaved in sucha fashion. Also, this

providesa convenientway to tunnelRTP/RTCPpacketsthroughtheTCPcontrolconnectionwhenrequiredby the

network configurationandtransferthemontoUDPwhenpossible.

C->S: SETUP rtsp://foo.com/bar.file RTSP/1.0
CSeq: 2
Transport: RTP/AVP/TCP;unicast;interleaved=0-1

S->C: RTSP/1.0 200 OK
CSeq: 2
Date: 05 Jun 1997 18:57:18 GMT
Transport: RTP/AVP/TCP;unicast;interleaved=5-6
Session: 12345678

C->S: PLAY rtsp://foo.com/bar.file RTSP/1.0
CSeq: 3
Session: 12345678

S->C: RTSP/1.0 200 OK
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CSeq: 3
Session: 12345678
Date: 05 Jun 1997 18:59:15 GMT
RTP-Info: url=rtsp://foo.com/bar.file;
seq=232433;rtptime=972948234

S->C: $\000{2 byte length}{"length" bytes data, w/RTP header}
S->C: $\000{2 byte length}{"length" bytes data, w/RTP header}
S->C: $\001{2 byte length}{"length" bytes RTCP packet}

12 StatusCodeDefinitions

Whereapplicable,HTTP status[H10] codesarereused.Statuscodesthathave thesamemeaningarenot
repeatedhere.SeeTable1 for a listing of which statuscodesmaybereturnedby which requests.All error
messages,4xx and5xx MAY returnabodycontainingfurtherinformationabouttheerror.

12.1 Success1xx

12.1.1 100Continue

See,[H10.1.1].

12.2 Success2xx

12.2.1 250Low on StorageSpace

Theserver returnsthis warningafter receiving a RECORD requestthat it may not beableto fulfill com-
pletely dueto insufficient storagespace.If possible,the server shouldusethe Range headerto indicate
what time period it may still be able to record. Sinceother processeson the server may be consuming
storagespacesimultaneously, aclient shouldtake thisonly asanestimate.

12.3 Redirection 3xx

Thenotation”3rr” indicatesresponsecodesfrom 300to 399inclusive whicharemeantfor redirection.The
responsecode304is excludedfrom thisset,asit is notusedfor redirection.

See[H10.3] for definitionof statuscode300to 305.Howevercommentsaregivenfor someto how they
applyto RTSP. Furtheracoupleof new statuscodesaredefined.

Within RTSP, redirectionmay be usedfor load balancingor redirectingstreamrequeststo a server
topologicallycloserto theclient. Mechanismsto determinetopologicalproximity arebeyondthescopeof
this specification.

12.3.1 300Multiple Choices

[TBW]
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12.3.2 301Moved Permanently

Therequestresourcearemovedpermanentlyandresidesnow at theURI givenby thelocationheader. The
userclient SHOULD redirectautomaticallyto thegivenURI.

12.3.3 302Found

The requestedresourceresidetemporarilyat theURI given by theLocationheader. TheLocationheader
MUST be included.Is intendedto beusedfor many typesof temporaryredirects,e.g. loadbalancing.It is
RECOMMENDED thatonesetthereasonphraseto somethingmoremeaningfulthan”Found” in thesecases.

12.3.4 303SeeOther

This statuscodeSHALL NOT beusedin RTSP. Howeverasit wasallowedto usein RFC2326it is possible
thatsuchresponsewill bereceived.

12.3.5 304Not Modified

If the client hasperformeda conditionalDESCRIBE or SETUP (see12.23)andthe requestedresource
hasnot beenmodified, the server SHOULD senda 304 response.This responseMUST NOT containa
message-body.

TheresponseMUST includethefollowing headerfields:

� Date

� ETag and/orContent-Location, if the headerwould have beensentin a 200 responseto the same
request.

� Expires, Cache-Control, and/orVary, if thefield-valuemight differ from thatsentin any previous
responsefor thesamevariant.

This responseis independentfor the DESCRIBE andSETUP requests.That is, a 304 responseto
DESCRIBE doesNOT imply that the resourcecontentis unchangedanda 304 responseto SETUP does
NOT imply thattheresourcedescriptionis unchanged.TheETag andIf-Match headersmaybeusedto link
theDESCRIBE andSETUP in thismanner.

12.3.6 305UseProxy

See[H10.3.6].

12.4 Client Err or 4xx

12.4.1 400Bad Request

Therequestcouldnotbeunderstoodby theserverdueto malformedsyntax.Theclient SHOULD NOT repeat
therequestwithout modifications[H10.4.1]. If therequestdoesnot have a CSeq header, theserver MUST

NOT includeaCSeq in theresponse.
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12.4.2 405Method Not Allowed

The methodspecifiedin the requestis not allowed for the resourceidentified by the requestURI. The
responseMUST includeanAllow headercontaininga list of valid methodsfor therequestedresource.This
statuscodeis alsoto beusedif a requestattemptsto usea methodnot indicatedduringSETUP, e.g.,if a
RECORD requestis issuedeventhoughthemode parameterin theTransport headeronly specifiedPLAY.

12.4.3 451Parameter Not Understood

Therecipientof therequestdoesnotsupportoneor moreparameterscontainedin therequest.Whenreturn-
ing thiserrormessagethesenderSHOULD returnaentity bodycontainingtheoffendingparameter(s).

12.4.4 452reserved

Thiserrorcodewasremovedfrom RFC2326[21] andis obsolete.

12.4.5 453Not EnoughBandwidth

Therequestwasrefusedbecausetherewasinsufficient bandwidth.Thismay, for example,betheresultof a
resourcereservationfailure.

12.4.6 454SessionNot Found

TheRTSPsessionidentifierin theSession headeris missing,invalid, or hastimedout.

12.4.7 455Method Not Valid in This State

Theclient or server cannotprocessthis requestin its currentstate.TheresponseSHOULD containanAllow
headerto make errorrecovery easier.

12.4.8 456Header Field Not Valid for Resource

The server could not act on a requiredrequestheader. For example,if PLAY containsthe Range header
field but thestreamdoesnot allow seeking.This errormessagemayalsobeusedfor specifyingwhenthe
time format in Range is impossiblefor theresource.In thatcasetheAccept-Ranges headerSHOULD be
returnedto inform theclient of which format(s)thatareallowed.

12.4.9 457Invalid Range

TheRange valuegivenis outof bounds,e.g.,beyondtheendof thepresentation.

12.4.10 458Parameter Is Read-Only

The parameterto be setby SET PARAMETER canbe readbut not modified. Whenreturningthis error
messagethesenderSHOULD returnaentity bodycontainingtheoffendingparameter(s).
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12.4.11 459AggregateOperation Not Allowed

The requestedmethodmay not be appliedon the URL in questionsinceit is an aggregate(presentation)
URL. Themethodmaybeappliedon amediaURL.

12.4.12 460Only AggregateOperation Allowed

The requestedmethodmay not be appliedon the URL in questionsinceit is not an aggregatecontrol
(presentation)URL. Themethodmaybeappliedon theaggregatecontrolURL.

12.4.13 461UnsupportedTransport

TheTransport field did not containasupportedtransportspecification.

12.4.14 462DestinationUnreachable

The datatransmissionchannelcould not be establishedbecausethe client addresscould not be reached.
This errorwill mostlikely betheresultof a client attemptto placeaninvalid Destination parameterin the
Transport field.

12.5 Server Err or 5xx

12.5.1 551Option not supported

An feature-taggiven in the Require or the Proxy-Require fields wasnot supported.The Unsupported
headerSHOULD bereturnedstatingthefeaturefor which thereis no support.

13 HeaderField Definitions

method direction object acronym Body
DESCRIBE �
��� P,S DES r
GET PARAMETER �
��� , ����� P,S GPR R,r
OPTIONS �
��� P,S OPT

�����
PAUSE �
��� P,S PSE
PING �
��� , ����� P,S PNG
PLAY �
��� P,S PLY
REDIRECT ����� P,S RDR
SETUP �
��� S STP
SET PARAMETER �
��� , ����� P,S SPR R,r
TEARDOWN �
��� P,S TRD

Table3: Overview of RTSPmethods,their direction,andwhat objects(P: presentation,S: stream)they
operateon. Bodynotesif amethodisallowedto carrybodyandin whichdirection,R= Request,r=response.
Note: It is allowedfor all errormessages4xx and5xx to have abody
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The generalsyntaxfor headerfields is coveredin Section4.2 This sectionlists the full setof header
fieldsalongwith noteson syntax,meaning,andusage.Throughoutthis section,we use[HX.Y] to referto
SectionX.Y of thecurrentHTTP/1.1specificationRFC2616[26]. Examplesof eachheaderfield aregiven.

Informationaboutheaderfields in relationto methodsandproxy processingis summarizedin Table4
andTable5.

The ”where” columndescribesthe requestandresponsetypesin which the headerfield canbe used.
Valuesin thiscolumnare:

R: headerfield mayonly appearin requests;

r: headerfield mayonly appearin responses;

2xx, 4xx, etc.: A numericalvalue or rangeindicatesresponsecodeswith which the headerfield canbe
used;

c: headerfield is copiedfrom therequestto theresponse.

An emptyentryin the”where” columnindicatesthattheheaderfield maybepresentin all requestsand
responses.

The”proxy” columndescribestheoperationsa proxymayperformon aheaderfield:

a: A proxycanaddor concatenatetheheaderfield if notpresent.

m: A proxy canmodify anexisting headerfield value.

d: A proxycandeleteaheaderfield value.

r: A proxy mustbeableto readtheheaderfield, andthusthisheaderfield cannotbeencrypted.

Therestof thecolumnsrelateto thepresenceof a headerfield in a method.Themethodnameswhen
abbreviated,areaccordingto table3:

c: Conditional;requirementson theheaderfield dependon thecontext of themessage.

m: Theheaderfield is mandatory.

m*: Theheaderfield SHOULDbesent,but clients/serversneedto bepreparedto receivemessageswithout
thatheaderfield.

o: Theheaderfield is optional.

*: The headerfield is requiredif the messagebody is not empty. Seesections13.14,13.16and4.3 for
details.

-: Theheaderfield is notapplicable.

”Optional” meansthat a Client/Server MAY include the headerfield in a requestor response,anda
Client/Server MAY ignoretheheaderfield if presentin therequestor response(Theexceptionto this rule is
theRequireheaderfield discussedin 13.32).A ”mandatory”headerfield MUST bepresentin arequest,and
MUST beunderstoodby theClient/Server receiving therequest.A mandatoryresponseheaderfield MUST
be presentin the response,andtheheaderfield MUST be understoodby theClient/Server processingthe
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response.”Not applicable”meansthattheheaderfield MUST NOT bepresentin a request.If oneis placed
in a requestby mistake, it MUST beignoredby theClient/Server receiving therequest.Similarly, a header
field labeled”not applicable”for a responsemeansthattheClient/Server MUST NOT placetheheaderfield
in theresponse,andtheClient/Server MUST ignoretheheaderfield in theresponse.

A Client/Server SHOULDignoreextensionheaderparametersthatarenotunderstood.
TheFrom,Location,andRTP-Info headerfieldscontaina URI. If theURI containsa comma,or semi-

colon, the URI MUST be enclosedin doublequotas(”). Any URI parametersarecontainedwithin these
quotas. If the URI is not enclosedin doublequotas,any semicolon-delimited parametersare header-
parameters,notURI parameters.

13.1 Accept

TheAccept request-headerfield canbeusedto specifycertainpresentationdescriptioncontenttypeswhich
areacceptablefor theresponse.

The“level” parameterfor presentationdescriptionsis properlydefinedaspartof theMIME type registration,

nothere.

See[H14.1] for syntax.
Exampleof use:

Accept: application/rtsl q=1.0, application/sdp;level=2

13.2 Accept-Encoding

See[H14.3]

13.3 Accept-Language

See[H14.4]. Notethatthelanguagespecifiedappliesto thepresentationdescriptionandany reasonphrases,
not themediacontent.

13.4 Accept-Ranges

TheAccept-Rangesresponse-headerfield allows theserver to indicateits acceptanceof rangerequestsand
possibleformatsfor a resource:

Accept-Ranges = ”Accept-Ranges” ”:” acceptable-ranges
acceptable-ranges = 1#range-unit / ”none”
range-unit = NPT / SMPTE / UTC / LIVE / extension-format
extension-format = token

This headerhasthe samesyntaxas [H14.5]. However new range-unitsaredefinedand byte-ranges
SHALL NOT beused.Inclusionof any of thethreetimeformatsindicatesacceptanceby theserver for PLAY
andPAUSE requestswith this format. Inclusionof the ”LIVE” tag indicatesthat the resourcehasLIVE
properties.The headersvalueis valid for the resourcespecifiedby the URI in the request,this response
correspondsto.
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Header Where Proxy DES OPT SETUP PLAY PAUSE TRD
Accept R o - - - - -
Accept-Encoding R r o - - - - -
Accept-Language R r o - - - - -
Accept-Ranges r r - - o - - -
Accept-Ranges 456 r - - - o o -
Allow r - o - - - -
Allow 405 - - - m m -
Authorization R o o o o o o
Bandwidth R o o o o - -
Blocksize R o - o o - -
Cache-Control r - - o - - -
Connection o o o o o o
Content-Base r o - - - - -
Content-Base 4xx o o o o o o
Content-Encoding R r - - - - - -
Content-Encoding r r o - - - - -
Content-Encoding 4xx r o o o o o o
Content-Language R r - - - - - -
Content-Language r r o - - - - -
Content-Language 4xx r o o o o o o
Content-Length r r * - - - - -
Content-Length 4xx r * * * * * *
Content-Location r o - - - - -
Content-Location 4xx o o o o o o
Content-Type r * - - - - -
Content-Type 4xx * * * * * *
CSeq Rc m m m m m m
Date am o o o o o o
Expires r r o - - - - -
From R r o o o o o o
Host o o o o o o
If-Match R r - - o - - -
If-Modified-Since R r o - o - - -
Last-Modified r r o - - - - -
Location 3rr o o o o o o
Proxy-Authenticate 407 amr m m m m m m
Proxy-Require R ar o o o o o o
Public r admr - m* - - - -
Public 501 admr m* m* m* m* m* m*
Range R - - - o o -
Range r - - c m* - -
Referer R o o o o o o
Require R o o o o o o
Retry-After 3rr,503 o o o - - -
RTP-Info r - - o m - -
Scale - - - o - -
Session R - o o m m m
Session r - c m m m o
Server R - o - - - -
Server r o o o o o o
Speed - - - o - -
Supported R o o o o o o
Supported r c c c c c c
Timestamp R o o o o o o
Timestamp c m m m m m m
Transport - - m - - -
Unsupported r c c c c c c
User-Agent R m* m* m* m* m* m*
Vary r c c c c c c
Via R amr o o o o o o
Via c dr m m m m m m
WWW-Authenticate 401 m m m m m m
Header Where Proxy DES OPT SETUP PLAY PAUSE TRD

Table4: Overview of RTSPheaderfields relatedto methodsDESCRIBE, OPTIONS, SETUP, PLAY,
PAUSE, andTEARDOWN.
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Header Where Proxy GPR SPR RDR PNG
Allow 405 - - - -
Authorization R o o o o
Bandwidth R - o - -
Blocksize R - o - -
Connection o o o -
Content-Base R o o - -
Content-Base r o o - -
Content-Base 4xx o o o -
Content-Encoding R r o o - -
Content-Encoding r r o o - -
Content-Encoding 4xx r o o o -
Content-Language R r o o - -
Content-Language r r o o - -
Content-Language 4xx r o o o -
Content-Length R r * * - -
Content-Length r r * * - -
Content-Length 4xx r * * * -
Content-Location R o o - -
Content-Location r o o - -
Content-Location 4xx o o o -
Content-Type R * * - -
Content-Type r * * - -
Content-Type 4xx * * * -
CSeq Rc m m m m
Date am o o o o
From R r o o o o
Host o o o o
Last-Modified R r - - - -
Last-Modified r r o - - -
Location 3rr o o o o
Location R - - m -
Proxy-Authenticate 407 amr m m m m
Proxy-Require R ar o o o o
Public 501 admr m* m* m* m*
Range R - - o -
Referer R o o o -
Require R o o o o
Retry-After 3rr,503 o o - -
Scale - - - -
Session R o o o m
Session r c c o m
Server R o o o o
Server r o o - o
Supported R o o o o
Supported r c c c c
Timestamp R o o o o
Timestamp c m m m m
Unsupported r c c c c
User-Agent R m* m* - m*
User-Agent r - - m* -
Vary r c c - -
Via R amr o o o o
Via c dr m m m m
WWW-Authenticate 401 m m m m
Header Where Proxy GPR SPR RDR PNG

Table 5: Overview of RTSP header fields related to methods GET PARAMETER,
SET PARAMETER,REDIRECT, andPING.
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A server is RECOMMENDED to usethisheaderin SETUP responsesto indicateto theclientwhichrange
time formatsthemediasupports.TheheaderSHOULD alsobeincludedin ”456” responseswhich is a result
of useof unsupportedrangeformats.

13.5 Allow

The Allow entity-headerfield lists the methodssupportedby the resourceidentifiedby the request-URI.
The purposeof this field is to strictly inform the recipientof valid methodsassociatedwith the resource.
An Allow headerfield MUST bepresentin a 405(MethodNot Allowed) response.See[H14.7] for syntax
definition.

Exampleof use:

Allow: SETUP, PLAY, SET_PARAMETER

13.6 Authorization

See[H14.8]

13.7 Bandwidth

TheBandwidth request-headerfield describestheestimatedbandwidthavailableto theclient,expressedas
apositive integerandmeasuredin bitspersecond.Thebandwidthavailableto theclientmaychangeduring
anRTSPsession,e.g.,dueto modemretraining.

Bandwidth = ”Bandwidth” ”:” 1*DIGIT

Example:

Bandwidth: 4000

13.8 Blocksize

TheBlocksize request-headerfield is sentfrom theclient to themediaserver askingtheserver for apartic-
ular mediapacket size.This packet sizedoesnot includelower-layerheaderssuchasIP, UDP, or RTP. The
server is freeto usea blocksizewhich is lower thantheonerequested.Theserver MAY truncatethis packet
sizeto theclosestmultipleof theminimum,media-specificblocksize,or overrideit with themedia-specific
sizeif necessary. Theblock sizeMUST bea positive decimalnumber, measuredin octets.Theserver only
returnsanerror

(400)if thevalueis syntacticallyinvalid.

Blocksize = ”Blocksize” ”:” 1*DIGIT

13.9 Cache-Control

TheCache-Control general-headerfield is usedto specifydirectivesthat MUST beobeyedby all caching
mechanismsalongtherequest/responsechain.
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Cachedirectivesmustbepassedthroughby a proxy or gateway application,regardlessof their signifi-
canceto thatapplication,sincethedirectivesmaybeapplicableto all recipientsalongtherequest/response
chain.It is notpossibleto specifyacache-directive for aspecificcache.

Cache-Control shouldonly bespecifiedin a SETUP requestandits response.Note: Cache-Control
doesnot govern the cachingof responsesasfor HTTP, but ratherof the streamidentifiedby the SETUP
request.Responsesto RTSPrequestsarenot cacheable,exceptfor responsesto DESCRIBE.

Cache-Control = ”Cache-Control” ”:” 1#cache-directive
cache-directive = cache-request-directive

/ cache-response-directive
cache-request-directive = ”no-cache”

/ ”max-stale” [”=” delta-seconds]
/ ”min-fresh” ”=” delta-seconds
/ ”only-if-cached”
/ cache-extension

cache-response-directive = ”public”
/ ”private”
/ ”no-cache”
/ ”no-transform”
/ ”must-revalidate”
/ ”proxy-revalidate”
/ ”max-age” ”=” delta-seconds
/ cache-extension

cache-extension = token [ ”=” ( token / quoted-string ) ]
delta-seconds = 1*DIGIT

no-cache: IndicatesthatthemediastreamMUST NOT becachedanywhere.Thisallows anorigin server to
preventcachingevenby cachesthathave beenconfiguredto returnstaleresponsesto client requests.

public: Indicatesthatthemediastreamis cacheableby any cache.

private: Indicatesthatthemediastreamis intendedfor asingleuserandMUST NOT becachedby ashared
cache.A private(non-shared)cachemaycachethemediastream.

no-transform: An intermediatecache(proxy) may find it useful to convert the mediatype of a certain
stream.A proxy might, for example,convert betweenvideoformatsto save cachespaceor to reduce
theamountof traffic on a slow link. Seriousoperationalproblemsmayoccur, however, whenthese
transformationshavebeenappliedto streamsintendedfor certainkindsof applications.For example,
applicationsfor medicalimaging,scientificdataanalysisandthoseusingend-to-endauthentication
all dependonreceiving astreamthatis bit-for-bit identicalto theoriginalentity-body. Therefore,if a
responseincludestheno-transformdirective, an intermediatecacheor proxy MUST NOT changethe
encodingof thestream.Unlike HTTP, RTSPdoesnotprovide for partialtransformationat thispoint,
e.g.,allowing translationinto adifferentlanguage.

only-if-cached: In somecases,suchastimesof extremelypoornetwork connectivity, a client maywanta
cacheto returnonly thosemediastreamsthatit currentlyhasstored,andnot to receive thesefrom the
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origin server. To do this, theclientmayincludetheonly-if-cacheddirective in a request.If it receives
thisdirective,acacheSHOULD eitherrespondusingacachedmediastreamthatis consistentwith the
otherconstraintsof therequest,or respondwith a504(GatewayTimeout)status.However, if agroup
of cachesis beingoperatedasa unifiedsystemwith goodinternalconnectivity, sucha requestMAY

beforwardedwithin thatgroupof caches.

max-stale: Indicatesthattheclientis willing to acceptamediastreamthathasexceededits expirationtime.
If max-staleis assigneda value,thentheclient is willing to accepta responsethathasexceededits
expirationtimeby nomorethanthespecifiednumberof seconds.If novalueis assignedto max-stale,
thentheclient is willing to acceptastaleresponseof any age.

min-fresh: Indicatesthat theclient is willing to accepta mediastreamwhosefreshnesslifetime is no less
thanits currentageplus thespecifiedtime in seconds.That is, theclient wantsa responsethatwill
still befreshfor at leastthespecifiednumberof seconds.

must-revalidate: Whenthemust-revalidate directiveispresentin aSETUP responsereceivedbyacache,
thatcacheMUST NOT usetheentryafter it becomesstaleto respondto a subsequentrequestwithout
first revalidatingit with theorigin server. Thatis, thecachemustdo anend-to-endrevalidationevery
time, if, basedsolelyon theorigin server’s Expires, thecachedresponseis stale.)

proxy-revalidate: The proxy-revalidatedirective hasthe samemeaningas the must-revalidatedirective,
except that it doesnot apply to non-shareduseragentcaches.It canbe usedon a responseto an
authenticatedrequestto permittheuser’s cacheto storeandlaterreturntheresponsewithoutneeding
to revalidateit (sinceit hasalreadybeenauthenticatedonceby thatuser),while still requiringproxies
thatservicemany usersto revalidateeachtime (in orderto make surethateachuserhasbeenauthen-
ticated).Notethatsuchauthenticatedresponsesalsoneedthepublic cachecontroldirective in order
to allow themto becachedatall.

max-age: Whenanintermediatecacheis forced,by meansof amax-age=0directive, to revalidateits own
cacheentry, andtheclient hassuppliedits own validatorin therequest,thesuppliedvalidatormight
differ from thevalidatorcurrentlystoredwith thecacheentry. In thiscase,thecacheMAY useeither
validatorin makingits own requestwithoutaffectingsemantictransparency.

However, thechoiceof validatormight affect performance.Thebestapproachis for theintermediate
cacheto useits own validatorwhenmakingits request.If theserver replieswith 304(Not Modified),
then the cachecan return its now validatedcopy to the client with a 200 (OK) response. If the
server replieswith anew entityandcachevalidator, however, theintermediatecachecancomparethe
returnedvalidatorwith theoneprovidedin theclient’s request,usingthestrongcomparisonfunction.
If theclient’s validatoris equalto theorigin server’s, thentheintermediatecachesimply returns304
(Not Modified). Otherwise,it returnsthenew entity with a200(OK) response.

13.10 Connection

See[H14.10]. The useof the connectionoption ”close” in RTSPmessagesSHOULD be limited to error
messageswhentheserver is unableto recover andthereforeseeit necessaryto closetheconnection.The
reasonis that theclient shallhave thechoiceof continueusinga connectionindefinitelyaslong asit sends
valid messages.
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13.11 Content-Base

TheContent-Baseentity-headerfield maybeusedtospecifythebaseURI for resolvingrelativeURLswithin
theentity.

Content-Base = ”Content-Base” ”:” absoluteURI

If no Content-Basefield is present,thebaseURI of anentity is definedeitherby its Content-Location
(if that Content-LocationURI is an absoluteURI) or theURI usedto initiate the request,in that orderof
precedence.Note,however, thatthebaseURI of thecontentswithin theentity-bodymayberedefinedwithin
thatentity-body.

13.12 Content-Encoding

See[H14.11]

13.13 Content-Language

See[H14.12]

13.14 Content-Length

The Content-Length general-headerfield containsthe lengthof the contentof the method(i.e. after the
doubleCRLF following the last header). Unlike HTTP, it MUST be includedin all messagesthat carry
contentbeyondtheheaderportionof themessage.If it is missing,a default valueof zerois assumed.It is
interpretedaccordingto [H14.13].

13.15 Content-Location

See[H14.14]

13.16 Content-Type

See[H14.17]. Notethatthecontenttypessuitablefor RTSParelikely to berestrictedin practiceto presen-
tationdescriptionsandparameter-valuetypes.

13.17 CSeq

The CSeq general-headerfield specifiesthe sequencenumberfor an RTSPrequest-responsepair. This
field MUST bepresentin all requestsandresponses.For every RTSPrequestcontainingthegivensequence
number, thecorrespondingresponsewill have thesamenumber. Any retransmittedrequestmustcontainthe
samesequencenumberastheoriginal (i.e. thesequencenumberis not incrementedfor retransmissionsof
thesamerequest).For eachnew RTSPrequesttheCSeq valueSHALL beincrementedby one.Theinitial
sequencenumberMAY beany number. Eachsequencenumberseriesis uniquebetweeneachrequesterand
responder, i.e. theclient hasoneseriesfor its requestto a server andtheserver hasanotherwhensending
requestto theclient. Eachrequesterandresponderis identifiedwith its network address.

CSeq = ”Cseq” ”:” 1*DIGIT
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13.18 Date

See[H14.18]. An RTSPmessagecontaininga bodyMUST includea Date headerif thesendinghosthasa
clock. ServersSHOULD includeaDate headerin all otherRTSPmessages.

13.19 Expir es

TheExpires entity-headerfield givesadateandtimeafterwhichthedescriptionor media-streamshouldbe
consideredstale.Theinterpretationdependson themethod:

DESCRIBE response:TheExpires headerindicatesadateandtimeafterwhichthedescriptionshouldbe
consideredstale.

A stalecacheentry may not normally be returnedby a cache(eithera proxy cacheor an useragent
cache)unlessit is first validatedwith theorigin server (or with anintermediatecachethathasa freshcopy
of theentity). Seesection14 for furtherdiscussionof theexpirationmodel.

Thepresenceof anExpires field doesnot imply thattheoriginal resourcewill changeor ceaseto exist
at,before,or afterthattime.

Theformatis anabsolutedateandtime asdefinedby HTTP-date in [H3.3]; it MUST bein RFC1123-
date format:

Expires = ”Expires” ”:” HTTP-date

An exampleof its useis

Expires: Thu, 01 Dec 1994 16:00:00 GMT

RTSP/1.0clientsandcachesMUST treatotherinvalid dateformats,especiallyincluding thevalue“0”,
ashaving occurredin thepast(i.e.,alreadyexpired).

To markaresponseas“alreadyexpired,” anorigin servershoulduseanExpires datethatis equalto the
Date headervalue. To marka responseas“never expires,” anorigin server SHOULD useanExpires date
approximatelyoneyearfrom the time theresponseis sent. RTSP/1.0serversSHOULD NOT sendExpires
datesmorethanoneyearin thefuture.

Thepresenceof anExpires headerfield with a datevalueof sometime in thefutureon a mediastream
thatotherwisewould by default benon-cacheableindicatesthatthemediastreamis cacheable,unlessindi-
catedotherwiseby aCache-Control headerfield (Section13.9).

13.20 From

See[H14.22].

13.21 Host

TheHost HTTP requestheaderfield [H14.23] is notneededfor RTSP. It shouldbesilently ignoredif sent.

13.22 If-Match

See[H14.24].
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The If-Match request-headerfield is especiallyusefulfor ensuringthe integrity of thepresentationde-
scription,in both thecasewhereit is fetchedvia meansexternal to RTSP(suchasHTTP), or in the case
wherethe server implementationis guaranteeingthe integrity of the descriptionbetweenthe time of the
DESCRIBE messageandtheSETUP message.

The identifier is an opaqueidentifier, andthusis not specificto any particularsessiondescriptionlan-
guage.

13.23 If-Modified-Since

The If-Modified-Since request-headerfield is usedwith the DESCRIBE andSETUP methodsto make
themconditional. If the requestedvarianthasnot beenmodifiedsincethe time specifiedin this field, a
descriptionwill not be returnedfrom the server (DESCRIBE) or a streamwill not be setup (SETUP).
Instead,a304(Not Modified) responsewill bereturnedwithout any message-body.

If-Modified-Since = ”If-Modified-Since” ”:” HTTP-date

An exampleof thefield is:

If-Modified-Since: Sat, 29 Oct 1994 19:43:31 GMT

13.24 Last-Modified

The Last-Modified entity-headerfield indicatesthe dateandtime at which the origin server believes the
presentationdescriptionor mediastreamwaslastmodified. See[H14.29]. For themethodsDESCRIBE,
theheaderfield indicatesthelastmodificationdateandtimeof thedescription,for SETUP thatof themedia
stream.

13.25 Location

See[H14.30].

13.26 Proxy-Authenticate

See[H14.33].

13.27 Proxy-Require

TheProxy-Require request-headerfield is usedto indicateproxy-sensitive featuresthatMUST besupported
by theproxy. Any Proxy-Require headerfeaturesthatarenot supportedby theproxy MUST benegatively
acknowledgedby the proxy to the client using the Unsupported header. Servers shouldtreat this field
identicallyto theRequire field, i.e. theProxy-Requirerequirementsdoesalsoapplyto theserver.

SeeSection13.32for moredetailson themechanicsof thismessageandausageexample.

Proxy-Require = ”Proxy-Require” ”:” 1#feature-tag

Exampleof use:

Proxy-Require: play.basic, con.persistent
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13.28 Public

ThePublic response-headerfield lists thesetof methodssupportedby theserver. Thepurposeof this field
is strictly to inform therecipientof thecapabilitiesof theserver regardingunusualmethods.Themethods
listedmayor maynotbeapplicableto theRequest-URI;theAllow headerfield (section14.7)MAY beused
to indicatemethodsallowedfor aparticularURI.

Public = ”Public” ”:” 1#method

Exampleof use:

Public: OPTIONS, SETUP, PLAY, PAUSE, TEARDOWN

This headerfield appliesonly to theserver directly connectedto theclient (i.e., thenearestneighborin
a chainof connections).If theresponsepassesthrougha proxy, theproxy MUST eitherremove thePublic
headerfield or replaceit with oneapplicableto its own capabilities.

13.29 Range

The Range requestandresponseheaderfield specifiesa rangeof time. The rangecanbe specifiedin a
numberof units. This specificationdefinesthe smpte (Section3.4), npt (Section3.5), andclock (Sec-
tion 3.6) rangeunits. Within RTSP, byte ranges[H14.35.1]arenot meaningfuland MUST NOT be used.
Theheadermayalsocontaina time parameterin UTC, specifyingthetime at which theoperationis to be
madeeffective. ServerssupportingtheRange headerMUST understandtheNPTrangeformatandSHOULD

understandtheSMPTErangeformat. TheRange responseheaderindicateswhatrangeof time is actually
beingplayed. If the Range headeris given in a time format that is not understood,the recipientshould
return501(Not Implemented).

Rangesarehalf-openintervals,includingthelowerpoint,but excludingtheupperpoint. In otherwords,
a rangeof ����� startsexactly at time � , but stopsjust before � . Only thestarttime of a mediaunit suchas
a videoor audioframeis relevant. As anexample,assumethatvideoframesaregeneratedevery 40 ms. A
rangeof ��������� �����!� would includea videoframestartingat 10.0or later time andwould includea video
framestartingat 10.08,even thoughit lastedbeyond the interval. A rangeof �������"�#�������%$ , on the other
hand,wouldexcludetheframeat10.08.

Range = ”Range” ”:” 1#ranges-specifier [ ”;” ”time” ”=” utc-time ]
ranges-specifier = npt-range / utc-range / smpte-range

Example:

Range: clock=19960213T143205Z-;time=19970123T143720Z

The notationis similar to that usedfor the HTTP/1.1[26] byte-range header. It allows clients to selectan

excerptfrom themediaobject,andto play from a given point to theendaswell asfrom thecurrentlocationto a

givenpoint. Thestartof playbackcanbescheduledfor any time in thefuture,althougha server mayrefuseto keep

server resourcesfor extendedidle periods.

13.30 Referer

See[H14.36]. TheURL refersto thatof thepresentationdescription,typically retrievedvia HTTP.
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13.31 Retry-After

See[H14.37].

13.32 Require

The Require request-headerfield is usedby clientsor serversto ensurethat theotherend-pointsupports
featuresthatarerequiredin respectto thisrequest.It canalsobeusedto queryif theotherend-pointsupports
certainfeatures,however theuseof theSupported (Section 13.38)is muchmoreeffective in thispurpose.
The server MUST respondto this headerby using the Unsupported headerto negatively acknowledge
thosefeature-tagswhich areNOT supported.The responseSHALL usethe error code551 (Option Not
Supported).This headerdoesnot apply to proxies,for the samefunctionality in respectto proxiessee,
headerProxy-Require (Section 13.27).

Thisis tomakesurethattheclient-serverinteractionwill proceedwithoutdelaywhenall featuresareunderstood

by both sides,andonly slow down if featuresarenot understood(asin the examplebelow). For a well-matched

client-server pair, the interactionproceedsquickly, saving a round-tripoften requiredby negotiationmechanisms.

In addition,it alsoremovesstateambiguitywhentheclient requiresfeaturesthattheserver doesnotunderstand.

Require = ”Require” ”:” feature-tag *(”,” feature-tag)

Example:

C->S: SETUP rtsp://server.com/foo/bar/baz.rm RTSP/1.0
CSeq: 302
Require: funky-feature
Funky-Parameter: funkystuff

S->C: RTSP/1.0 551 Option not supported
CSeq: 302
Unsupported: funky-feature

C->S: SETUP rtsp://server.com/foo/bar/baz.rm RTSP/1.0
CSeq: 303

S->C: RTSP/1.0 200 OK
CSeq: 303

In thisexample,“funky-feature”is thefeature-tagwhich indicatesto theclient thatthefictionalFunky-
Parameter field is required.Therelationshipbetween“funky-feature”andFunky-Parameter is not com-
municatedvia theRTSPexchange,sincethatrelationshipis animmutablepropertyof “funky-feature”and
thusshouldnotbetransmittedwith every exchange.

ProxiesandotherintermediarydevicesSHOULD ignorefeaturesthatarenot understoodin this field. If
a particularextensionrequiresthat intermediatedevicessupportit, the extensionshouldbe taggedin the
Proxy-Require field instead(seeSection13.27).
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13.33 RTP-Info

The RTP-Info response-headerfield is usedto set RTP-specificparametersin the PLAY response.For
streamsusingRTPastransportprotocoltheRTP-Info headerSHALL bepartof a200responseto PLAY.

url: IndicatesthestreamURL which for which thefollowing RTPparameterscorrespond,this URL MUST

be the sameusedin the SETUP requestfor this mediastream. Any relative URL SHALL usethe
requestURL asbaseURL.

seq: Indicatesthesequencenumberof thefirst packet of thestream.This allows clientsto gracefullydeal
with packetswhenseeking.Theclient usesthis valueto differentiatepacketsthatoriginatedbefore
theseekfrom packetsthatoriginatedaftertheseek.

rtptime: Indicatesthe RTP timestampcorrespondingto the time value in the Range responseheader.
(Note: For aggregatecontrol,a particularstreammaynot actuallygeneratea packet for theRange
time valuereturnedor implied. Thus,thereis no guaranteethat thepacket with thesequencenum-
ber indicatedby seq actuallyhasthe timestampindicatedby rtptime.) Theclient usesthis valueto
calculatethemappingof RTPtime to NPT.

A mappingfrom RTP timestampsto NTP timestamps(wall clock) is availablevia RTCP. However, this
information is not sufficient to generatea mappingfrom RTP timestampsto NPT. Furthermore,in orderto
ensurethatthis informationis availableat thenecessarytime(immediatelyatstartupor afteraseek),andthat
it is deliveredreliably, thismappingis placedin theRTSPcontrolchannel.

In orderto compensatefor drift for long, uninterruptedpresentations,RTSPclientsshouldadditionally

mapNPT to NTP, usinginitial RTCPsenderreportsto do themapping,andlaterreportsto checkdrift against

themapping.

Syntax:

RTP-Info = ”RTP-Info” ”:” 1#rtsp-info-spec
rtsp-info-spec = stream-url 1*parameter
stream-url = quoted-url / unquoted-url
unquoted-url = ”url” ”=” safe-url

/ ”;” ”mode” = � ” � 1#Method � ” �
quoted-url = ”url” ”=” � ” � needquote-url � ” �
safe-url = url
needquote-url = url //That contains ; or ,
url = ( absoluteURI / relativeURI )
parameter = ”;” ”seq” ”=” 1*DIGIT

/ ”;” ”rtptime” ”=” 1*DIGIT

Additional constraint:safe-urlMUST NOT containthesemicolon(”;”) or comma(”,”) characters.The
quoted-urlform SHOULDonly beusedwhenaURL doesnotmeetthesafe-urlconstraint,in orderto ensure
compatibilitywith implementationsconformantto RFC2326[21].

absoluteURIandrelativeURI aredefinedin RFC2396[22] with RFC2732[30] applied.
Example:

RTP-Info: url=rtsp://foo.com/bar.avi/streamid=0;seq=45102,
url=rtsp://foo.com/bar.avi/streamid=1;seq=30211
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13.34 Scale

A scalevalueof 1 indicatesnormalplayat thenormalforwardviewing rate.If not1, thevaluecorresponds
to theratewith respectto normalviewing rate.For example,a ratioof 2 indicatestwice thenormalviewing
rate(“f astforward”) anda ratio of 0.5 indicateshalf thenormalviewing rate. In otherwords,a ratio of 2
hasnormalplay time increaseat twice thewallclock rate. For every secondof elapsed(wallclock) time, 2
secondsof contentwill bedelivered.A negative valueindicatesreversedirection.

Unlessrequestedotherwiseby theSpeed parameter, thedatarateSHOULD notbechanged.Implemen-
tationof scalechangesdependson theserver andmediatype.For video,aserver may, for example,deliver
only key framesor selectedkey frames.For audio,it may time-scaletheaudiowhile preservingpitch or,
lessdesirably, deliver fragmentsof audio.

Theserver shouldtry to approximatetheviewing rate,but mayrestricttherangeof scalevaluesthat it
supports.TheresponseMUST containtheactualscalevaluechosenby theserver.

If the server doesnot implementthe possibility to scale,it will not returna Scale header. A server
supportingScaleoperationsfor PLAY SHALL indicatethiswith theuseof the”play.scale”feature-tags.

Scale = ”Scale” ”:” [ ”-” ] 1*DIGIT [ ”.” *DIGIT ]

Exampleof playingin reverseat3.5 timesnormalrate:

Scale: -3.5

13.35 Speed

TheSpeed request-headerfield requeststheserver to deliver datato theclientataparticularspeed,contin-
genton theserver’s ability anddesireto serve themediastreamat thegivenspeed.Implementationby the
server is OPTIONAL. Thedefault is thebit rateof thestream.

The parametervalue is expressedas a decimalratio, e.g., a value of 2.0 indicatesthat datais to be
deliveredtwice asfastasnormal. A speedof zerois invalid. All speedsmay not be possibleto support.
ThereforetheactualusedspeedMUST beincludedin theresponse.Thelackof a responseheaderis indica-
tion of lackof supportfrom theserver of this functionality. Supportof thespeedfunctionalityareindicated
by the”play.speed”feature-tag.

Speed = ”Speed” ”:” 1*DIGIT [ ”.” *DIGIT ]

Example:

Speed: 2.5

Useof this field changesthe bandwidthusedfor datadelivery. It is meantfor usein specificcircum-
stanceswherepreview of thepresentationat a higheror lower rateis necessary. Implementorsshouldkeep
in mind that bandwidthfor the sessionmay be negotiatedbeforehand(by meansother thanRTSP),and
thereforere-negotiation may be necessary. Whendatais deliveredover UDP, it is highly recommended
thatmeanssuchasRTCPbeusedto trackpacket lossrates.If thedatatransportis performedover public
best-effort networks the senderis responsiblefor performingcongestioncontrol of the stream.This MAY

resultin thatthecommunicatedspeedis impossibleto maintain.
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13.36 Server

See[H14.38],however theheadersyntaxis herecorrected.

Server = ”Server” ”:” ( product / comment ) *(SP (product / comment))

13.37 Session

The Session request-headerand response-headerfield identifiesan RTSP sessionstartedby the media
server in aSETUP responseandconcludedby TEARDOWN on thepresentationURL. Thesessionidenti-
fier is chosenby themediaserver (seeSection3.3)andMUST bereturnedin theSETUP response.Oncea
client receivesaSession identifier, it MUST returnit for any requestrelatedto thatsession.

Session = ”Session” ”:” session-id [ ”;” ”timeout” ”=” delta-seconds ]

The timeout parameteris only allowedin a responseheader. Theserver usesit to indicateto theclient
how long theserver is preparedto wait betweenRTSPcommandsor othersignsof life beforeclosingthe
sessiondueto lack of activity (seeSectionA). The timeout is measuredin seconds,with a default of 60
seconds(1 minute).

Themechanismsfor showing livenessof theclient is, any RTSPmessagewith a Session header, or a
RTCP message.It is RECOMMENDED that a client doesnot wait to the last secondof the timeoutbefore
trying to senda livenessmessage.Even for RTSP messagesusing reliable protocols,suchas TCP, the
messagemaytake sometime to arrive safelyat thereceiver. To show livenessbetweenRTSPrequestwith
othereffects,thefollowing mechanismscanbeused,in descendingorderof preference:

RTCP: Is usedto reporttransportstatisticsandSHALL alsowork askeepalive. Theserver candetermine
theclient by usednetwork addressandport togetherwith the fact that theclient is reportingon the
servers SSRC(s). A downsideof using RTCP is that it gives lower statisticalguaranteesto reach
the server. However that probability is so little that it canbe ignoredin mostcases.For example,
a sessionwith 60 secondstimeoutandenoughbitrateassignedto theRTCPmessages,so theclient
sendsamessageonaverageevery5 seconds.Thatsessionhavefor anetwork with 5 % packet lossthe
probabilityto notgeta livenesssignover to theserver in thetimeoutinterval is 2.4*E-16.In sessions
with shortertimeouttimes,or muchhigherpacket loss,or smallRTCPbandwidthsSHOULD useany
of themechanismsbelow.

PING: The useof thePING methodis the bestof theRTSPbasedmethods.It hasno othereffectsthan
updatingthe timeouttimer. In that way it will be a minimal message,that alsodoesnot causeany
extra processingfor theserver. Thedownsideis that it maynot be implemented.A client SHOULD

usea OPTIONS requestto verify supportof thePING at theserver. It is possibleto detectsupport
by sendinga PING to the server. If a 200 (OK) messageis received theserver supportsit. In case
a 501 (Not Implemented)is received it doesnot supportPING andthereis no meaningin continue
trying. Also thereceptionof aerrormessagewill alsomeanthatthelivenesstimer is notupdated.

SET PARAMETER: WhenusingSET PARAMETER for keepalive,nobodySHOULD beincluded.This
methodis basicallyasgoodasPING, however the implementationsupportof the methodis today
limited. The sameconsiderationsas for PING apply regardingcheckingof supportin server and
proxies.
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OPTIONS: This methoddoesalsowork. However it causestheserver to performunnecessaryprocessing
andresult in biggerresponsesthannecessaryfor the task. The reasonfor this is that the Public is
alwaysincludedcreatingoverhead.

NotethatasessionidentifieridentifiesanRTSPsessionacrosstransportsessionsor connections.Control
messagesfor morethanoneRTSPURL may be sentwithin a singleRTSPsession.Hence,it is possible
thatclientsusethesamesessionfor controllingmany streamsconstitutinga presentation,aslong asall the
streamscomefrom thesameserver. (Seeexamplein Section15). However, multiple “user” sessionsfor the
sameURL from thesameclient MUST usedifferentsessionidentifiers.

Thesessionidentifieris neededto distinguishseveraldeliveryrequestsfor thesameURL comingfrom thesame

client.

Theresponse454(SessionNot Found)is returnedif thesessionidentifieris invalid.

13.38 Supported

TheSupported headerfield enumeratesall theextensionssupportedby theclient or server. Whenoffered
in a request,thereceiver MUST respondwith its correspondingSupported header.

TheSupportedheaderfield containsa list of feature-tags,describedin Section3.7, thatareunderstood
by theclient or server.

Supported = ”Supported” ”:” [feature-tag *(”,” feature-tag)]

Example:

C->S: OPTIONS rtsp://example.com/ RTSP/1.0\\
Supported: foo, bar, blech\\

S->C: RTSP/1.0 200 OK \\
Supported: bar, blech, baz \\

13.39 Timestamp

TheTimestamp general-headerfield describeswhentheclient senttherequestto theserver. Thevalueof
the timestampis of significanceonly to theclient andmayuseany timescale.Theserver MUST echothe
exactsamevalueandMAY, if it hasaccurateinformationaboutthis,adda floatingpoint numberindicating
thenumberof secondsthathaselapsedsinceit hasreceivedtherequest.Thetimestampis usedby theclient
to computethe round-triptime to the server so that it canadjustthe timeoutvaluefor retransmissions.It
alsoresolvesretransmissionambiguitiesfor unreliabletransportof RTSP.

Timestamp = ”Timestamp” ”:” *(DIGIT) [ ”.” *(DIGIT) ] [ delay ]
delay = *(DIGIT) [ ”.” *(DIGIT) ]

13.40 Transport

The Transport request-and response-headerfield indicateswhich transportprotocol is to be usedand
configuresits parameterssuchasdestinationaddress,compression,multicasttime-to-live anddestination
port for asinglestream.It setsthosevaluesnotalreadydeterminedby a presentationdescription.
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Transportsarecommaseparated,listedin orderof preference.Parametersmaybeaddedto eachtrans-
port,separatedby asemicolon.

The Transport headerfield MAY alsobe usedto changecertaintransportparameters.A server MAY

refuseto changeparametersof anexistingstream.
Theserver MAY returna Transport response-headerfield in theresponseto indicatethevaluesactually

chosen.
A Transport requestheaderfield MAY containa list of transportoptionsacceptableto theclient, in the

form of multiple transportspec entries.In thatcase,theserver MUST returnthesingleoption(transport-
spec) whichwasactuallychosen.

A transport-spec transportoptionmayonly containoneof any givenparameterwithin it. Parameters
maybegivenin any order. Additionally, it mayonly containtheunicast or multicast transportparameter.

TheTransport headerfield is restrictedto describinga singlemediastream.(RTSPcanalsocontrolmultiple

streamsasa singleentity.) Making it partof RTSPratherthanrelying ona multitudeof sessiondescriptionformats

greatlysimplifiesdesignsof firewalls.

Thesyntaxfor thetransportspecifieris

transport/profile/lower-transport.

The default value for the “lower-transport”parametersis specificto the profile. For RTP/AVP, the
default is UDP.

Below aretheconfigurationparametersassociatedwith transport:
Generalparameters:

unicast / multicast: This parameteris a mutuallyexclusive indicationof whetherunicastor multicastde-
livery will be attempted. One of the two valuesMUST be specified. Clients that are capableof
handlingbothunicastandmulticasttransmissionMUST indicatesuchcapabilityby includingtwo full
transport-specswith separateparametersfor each.

destination: Theaddressof thestreamrecipientto which a streamwill besent.Theclient originatingthe
RTSPrequestmayspecifythedestinationaddressof thestreamrecipientwith thedestinationparam-
eter. Whenthedestinationfield is specified,therecipientmaybea differentpartythantheoriginator
of therequest.To avoid becomingtheunwitting perpetratorof a remote-controlleddenial-of-service
attack,aserver SHOULD authenticatetheclientoriginatingtherequestandSHOULD log suchattempts
beforeallowing the client to direct a mediastreamto a recipientaddressnot chosenby the server.
While, this is particularlyimportantif RTSPcommandsareissuedvia UDP, implementationscannot
rely on TCPasreliablemeansof client identificationby itself either.

Theserver SHOULD NOT allow thedestinationfield to besetunlessamechanismexistsin thesystem
to authorizethe requestoriginator to direct streamsto the recipient. It is preferredthat this autho-
rizationbeperformedby therecipientitself andthecredentialspassedalongto theserver. However,
in certaincases,suchaswhenrecipientaddressis a multicastgroup,or whentherecipientis unable
to communicatewith the server in an out-of-bandmanner, this may not be possible.In thesecases
servermaychoseanothermethodsuchasaserver-residentauthorizationlist to ensurethattherequest
originatorhasthepropercredentialsto requeststreamdelivery to therecipient.

IPv6addressesareRECOMMENDED to begivenasfully qualifieddomainto make it backwardscom-
patiblewith RFC2326implementations.
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source: If thesourceaddressfor thestreamis differentthancanbederivedfrom theRTSPendpointaddress
(theserver in playback),thesourceaddressSHOULD bespecified.To maintainbackwardscompati-
bility with RFC2326,any IPv6host’s addressmustbegivenasa fully qualifieddomainname.

This informationmay alsobeavailablethroughSDP. However, sincethis is morea featureof transport

thanmediainitialization, theauthoritative sourcefor this informationshouldbein theSETUP response.

layers: Thenumberof multicastlayersto beusedfor thismediastream.Thelayersaresentto consecutive
addressesstartingat thedestination address.

dest addresses: A generaldestinationaddressparameterthat cancontainoneor moreaddressandport
pair. For eachcombinationof Protocol/Profile/Lower Transportthe interpretationof the addressor
addressesneedsto bedefined.Theclient or server SHALL NOT usethis parameterunlessbothclient
andserver hasshown support.This parameterMUST besupportedby client andserversthat imple-
mentsthis specification.Supportis indicatedby theuseof thefeature-tag”play.basic”. This param-
eterSHALL NOT be usedin the sametransportspecificationasany of the parameters”destination”,
”source”,”port”, ”client port”, and”server port”.

The samesecurityconsiderationthat aregiven for the ”Destination” parameterdoesalsoappliesto
this parameter. This parametercanbeusedfor redirectingtraffic to recipientnot desiringthemedia
traffic.

src addresses: A Generalsourceaddressparameterthat cancontainoneor moreaddressandport pair.
For eachcombinationof Protocol/Profile/Lower Transportthe interpretationof the addressor ad-
dressesneedsto bedefined.Theclientor server SHALL NOT usethisparameterunlessbothclientand
server hasshown support.This parameterMUST besupportedby client andserversthat implements
thisspecification.Supportis indicatedby theusethefeature-tag”play.basic”.ThisparameterSHALL

NOT be usedin the sametransportspecificationas any of the parameters”destination”, ”source”,
”port”, ”client port”, and”server port”.

Theaddressor addressesindicatedin thesrc addressesparameterSHOULD beusedbothfor sending
andreceiving of the mediastreamsdatapacket. The main reasonsare two: First by sendingfrom
the indicatedportsthesourceaddresswill beknown by the receiver of thepacket. Secondly, in the
presenceof NATs sometraversalmechanismrequireseitherknowledgefrom which addressandport
apacket flow is coming,or having thepossibilityto senddatato thesenderport.

mode: Themode parameterindicatesthemethodsto besupportedfor thissession.Valid valuesarePLAY
andRECORD. If not provided,thedefault is PLAY. TheRECORD valuewasdefinedin RFC2326
andis deprecatedin thisspecification.

append: Theappendparameterwasusedtogetherwith RECORD andis now deprecated.

interleaved: The interleaved parameterimpliesmixing themediastreamwith thecontrolstreamin what-
everprotocolis beingusedby thecontrolstream,usingthemechanismdefinedin Section11.11.The
argumentprovidesthechannelnumberto beusedin the$ statementandMUST bepresent.This pa-
rameterMAY bespecifiedasa range,e.g.,interleaved=4-5 in caseswherethetransportchoice
for themediastreamrequiresit, e.g. for RTP with RTCP. Thechannelnumbergiven in the request
areonly a guidancefrom theclient to theserver on whatchannelnumber(s)to use.Theserver MAY
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set any valid channelnumberin the response.The declaredchannel(s)arebi-directional,so both
end-partiesMAY senddataon thegiven channel.Oneexampleof suchusageis thesecondchannel
usedfor RTCP, wherebothserver andclient sendsRTCPpacketson thesamechannel.

This allows RTP/RTCPto behandledsimilarly to theway that it is donewith UDP, i.e., onechannelfor

RTP andtheotherfor RTCP.

Multicast-specific:

ttl: multicasttime-to-live.

RTP-specific:
TheseparametersareMAY only beusedif themediatransportprotocolis RTP.

port: ThisparameterprovidestheRTP/RTCPportpair for amulticastsession.It is shouldbespecifiedasa
range,e.g.,port=3456-3457.

client port: This parameterprovidestheunicastRTP/RTCPport pair on theclient wheremediadataand
control informationis to besent.It is specifiedasa range,e.g.,port=3456-3457.

server port: This parameterprovidestheunicastRTP/RTCPportpair on theserver wheremediadataand
control informationis to besent.It is specifiedasa range,e.g.,port=3456-3457.

ssrc: The ssrc parameterindicatesthe RTP SSRC[23, Sec.3] valuethat shouldbe (request)or will be
(response)usedby themediaserver. Thisparameteris only valid for unicasttransmission.It identifies
thesynchronizationsourceto beassociatedwith themediastream,andis expressedasaneightdigit
hexidecimalvalue.In casesthatasenderwill usemultipleSSRCsit SHOULD NOT usethisparameter.

client ssrc: Theclient ssrc parameterindicatestheRTP SSRC[23, Sec.3] valuethatwill beusedby the
client. This parameteris only valid for unicasttransmission.It identifiesthesynchronizationsource
to beassociatedwith themediastream,andis expressedasaneightdigit hexidecimalvalue.In cases
thataclient will usemultiple SSRCsit SHOULD NOT usethisparameter.
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Transport = ”Transport” ”:” 1#transport-spec
transport-spec = transport-id *parameter
transport-id = transport-protocol ”/” profile [”/” lower-transport]

; noLWSis allowedinsidetransport-id
transport-protocol = ”RTP” / token
profile = ”AVP” / token
lower-transport = ”TCP” / ”UDP” / token
parameter = ”;” ( ”unicast” / ”multicast” )

/ ”;” ”source” ”=” host
/ ”;” ”destination” [ ”=” host ]
/ ”;” ”interleaved” ”=” channel [ ”-” channel ]
/ ”;” ”append”
/ ”;” ”ttl” ”=” ttl
/ ”;” ”layers” ”=” 1*DIGIT
/ ”;” ”port” ”=” port-spec
/ ”;” ”client port” ”=” port-spec
/ ”;” ”server port” ”=” port-spec
/ ”;” ”ssrc” ”=” ssrc
/ ”;” ”client ssrc” ”=” ssrc
/ ”;” ”mode” ”=” mode-spec
/ ”;” ”dest addresses” ”=” addr-list
/ ”;” ”src addresses” ”=” addr-list
/ ”;” trn-parameter-extension

port-spec = port [ ”-” port ]
trn-parameter-extension = par-name ”=” trn-par-value
par-name = token
trn-par-value = *unreserved
ttl = 1*3(DIGIT)
ssrc = 8*8(HEX)
channel = 1*3(DIGIT)
mode-spec = & ” ' 1#mode & ” ' / mode
mode = ”PLAY” / ”RECORD” / token
addr-list = host-port *(”/” host-port)
host-port = host [”:” port]
host = see chapter 16
port = see chapter 16

The combinationof transportprotocol,profile andlower transportneedsto be defined. A numberof
combinationsaredefinedin theappendixB.

Below is a usageexample,showing a client advertising the capability to handlemulticastor unicast,
preferringmulticast. Sincethis is a unicast-onlystream,the server respondswith the proper transport
parametersfor unicast.

C->S: SETUP rtsp://example.com/foo/bar/baz.rm RTSP/1.0
CSeq: 302
Transport: RTP/AVP;multicast;mode="PLAY",
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RTP/AVP;unicast;client_port=3456-3457;mode="PLAY"

S->C: RTSP/1.0 200 OK
CSeq: 302
Date: 23 Jan 1997 15:35:06 GMT
Session: 47112344
Transport: RTP/AVP;unicast;client_port=3456-3457;

server_port=6256-6257;mode="PLAY"

13.41 Unsupported

TheUnsupported response-headerfield lists thefeaturesnotsupportedby theserver. In thecasewherethe
featurewasspecifiedvia theProxy-Require field (Section13.27),if thereis a proxy on thepathbetween
theclient andtheserver, theproxy MUST senda responsemessagewith a statuscodeof 551 (OptionNot
Supported).TherequestSHALL NOT beforwarded.

SeeSection13.32for ausageexample.

Unsupported = ”Unsupported” ”:” feature-tag *(”,” feature-tag)

13.42 User-Agent

See[H14.43]for explanation,howeverthesyntaxis clarifieddueto anerrorin RFC2616.A ClientSHOULD

includethisheaderin all RTSPmessagesit sends.

User-Agent = ”User-Agent” ”:” ( product / comment ) 0*(SP (product / comment)

13.43 Vary

See[H14.44]

13.44 Via

See[H14.45].

13.45 WWW -Authenticate

See[H14.47].

14 Caching

In HTTP, response-requestpairsarecached.RTSPdiffers significantlyin that respect.Responsesarenot
cacheable,with theexceptionof thepresentationdescriptionreturnedby DESCRIBE. (Sincetheresponses
for anythingbut DESCRIBE andGET PARAMETER donotreturnany data,cachingis not reallyanissue
for theserequests.)However, it is desirablefor thecontinuousmediadata,typically deliveredout-of-band
with respectto RTSP, to becached,aswell asthesessiondescription.

On receiving a SETUP or PLAY request,a proxy ascertainswhetherit hasan up-to-datecopy of the
continuousmediacontentandits description. It candeterminewhetherthe copy is up-to-dateby issuing
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a SETUP or DESCRIBE request,respectively, andcomparingtheLast-Modified headerwith thatof the
cachedcopy. If thecopy is not up-to-date,it modifiestheSETUP transportparametersasappropriateand
forwardstherequestto theorigin server. SubsequentcontrolcommandssuchasPLAY or PAUSE thenpass
theproxy unmodified.Theproxy deliversthecontinuousmediadatato theclient,while possiblymakinga
local copy for laterreuse.Theexactbehavior allowedto thecacheis givenby thecache-responsedirectives
describedin Section13.9. A cacheMUST answerany DESCRIBE requestsif it is currentlyservingthe
streamto the requestor, asit is possiblethat low-level detailsof thestreamdescriptionmayhave changed
on theorigin-server.

NotethatanRTSPcache,unlike theHTTP cache,is of the“cut-through”variety. Ratherthanretrieving
thewholeresourcefrom theorigin server, thecachesimply copiesthestreamingdataasit passesby on its
way to theclient. Thus,it doesnot introduceadditionallatency.

To theclient, anRTSPproxy cacheappearslike a regularmediaserver, to themediaorigin server like
a client. JustasanHTTP cachehasto storethecontenttype,contentlanguage,andsoon for theobjectsit
caches,a mediacachehasto storethepresentationdescription.Typically, a cacheeliminatesall transport-
references(that is, multicastinformation)from thepresentationdescription,sincetheseareindependentof
thedatadelivery from thecacheto theclient. Informationontheencodingsremainsthesame.If thecacheis
ableto translatethecachedmediadata,it wouldcreateanew presentationdescriptionwith all theencoding
possibilitiesit canoffer.

15 Examples

The following examplesrefer to streamdescriptionformatsthat are not standards,suchas RTSL. The
following examplesarenot to beusedasa referencefor thoseformats.

15.1 Media on Demand(Unicast)

Client ( requestsamovie frommediaservers ) (audio.example.com)and * (video.example.com).
Themediadescriptionis storedonawebserver + . Themediadescriptioncontainsdescriptionsof thepre-
sentationandall its streams,includingthecodecsthatareavailable,dynamicRTPpayloadtypes,theproto-
col stack,andcontentinformationsuchaslanguageor copyright restrictions.It mayalsogive anindication
aboutthetimelineof themovie.

In thisexample,theclient is only interestedin thelastpartof themovie.

C->W: GET /twister.sdp HTTP/1.1
Host: www.example.com
Accept: application/sdp

W->C: HTTP/1.0 200 OK
Date: 23 Jan 1997 15:35:06 GMT
Content-Type: application/sdp

v=0
o=- 2890844526 2890842807 IN IP4 192.16.24.202
s=RTSP Session
e=adm@example.com
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m=audio 0 RTP/AVP 0
a=control:rtsp://audio.example.com/twister/audio.en
m=video 0 RTP/AVP 31
a=control:rtsp://video.example.com/twister/video

C->A: SETUP rtsp://audio.example.com/twister/audio.en RTSP/1.0
CSeq: 1
User-Agent: PhonyClient/1.2
Transport: RTP/AVP/UDP;unicast;client_port=3056-3057

A->C: RTSP/1.0 200 OK
CSeq: 1
Session: 12345678
Transport: RTP/AVP/UDP;unicast;client_port=3056-3057;

server_port=5000-5001

C->V: SETUP rtsp://video.example.com/twister/video RTSP/1.0
CSeq: 1
User-Agent: PhonyClient/1.2
Transport: RTP/AVP/UDP;unicast;client_port=3058-3059

V->C: RTSP/1.0 200 OK
CSeq: 1
Session: 23456789
Transport: RTP/AVP/UDP;unicast;client_port=3058-3059;

server_port=5002-5003

C->V: PLAY rtsp://video.example.com/twister/video RTSP/1.0
CSeq: 2
User-Agent: PhonyClient/1.2
Session: 23456789
Range: smpte=0:10:00-

V->C: RTSP/1.0 200 OK
CSeq: 2
Session: 23456789
Range: smpte=0:10:00-0:20:00
RTP-Info: url=rtsp://video.example.com/twister/video;

seq=12312232;rtptime=78712811

C->A: PLAY rtsp://audio.example.com/twister/audio.en RTSP/1.0
CSeq: 2
User-Agent: PhonyClient/1.2
Session: 12345678
Range: smpte=0:10:00-
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A->C: RTSP/1.0 200 OK
CSeq: 2
User-Agent: PhonyClient/1.2
Session: 12345678
Range: smpte=0:10:00-0:20:00
RTP-Info: url=rtsp://audio.example.com/twister/audio.en;

seq=876655;rtptime=1032181

C->A: TEARDOWN rtsp://audio.example.com/twister/audio.en RTSP/1.0
CSeq: 3
User-Agent: PhonyClient/1.2
Session: 12345678

A->C: RTSP/1.0 200 OK
CSeq: 3

C->V: TEARDOWN rtsp://video.example.com/twister/video RTSP/1.0
CSeq: 3
User-Agent: PhonyClient/1.2
Session: 23456789

V->C: RTSP/1.0 200 OK
CSeq: 3

Even thoughtheaudioandvideo trackareon two differentservers,andmaystartat slightly different
times and may drift with respectto eachother, the client can synchronizethe two using standardRTP
methods,in particularthetimescalecontainedin theRTCPsenderreports.

15.2 Streamingof a Container file

For purposesof this example,a containerfile is a storageentity in which multiple continuousmediatypes
pertainingto the sameend-userpresentationarepresent.In effect, the containerfile representsan RTSP
presentation,with eachof its componentsbeingRTSPstreams.Containerfiles area widely usedmeansto
storesuchpresentations.While the componentsaretransportedasindependentstreams,it is desirableto
maintainacommoncontext for thosestreamsat theserver end.

Thisenablestheserver to keepasinglestoragehandleopeneasily. It alsoallowstreatingall thestreamsequally

in caseof any prioritizationof streamsby theserver.

It is alsopossiblethat thepresentationauthormaywish to preventselective retrieval of thestreamsby
the client in orderto preserve the artistic effect of the combinedmediapresentation.Similarly, in sucha
tightly boundpresentation,it is desirableto beableto controlall thestreamsvia a singlecontrolmessage
usinganaggregateURL.

Thefollowing is anexampleof usingasingleRTSPsessionto controlmultiplestreams.It alsoillustrates
theuseof aggregateURLs.
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Client ( requestsa presentationfrom mediaserver , . The movie is storedin a containerfile. The
client hasobtainedanRTSPURL to thecontainerfile.

C->M: DESCRIBE rtsp://example.com/twister RTSP/1.0
CSeq: 1

M->C: RTSP/1.0 200 OK
CSeq: 1
Date: 23 Jan 1997 15:35:06 GMT
Content-Type: application/sdp
Content-Length: 164

v=0
o=- 2890844256 2890842807 IN IP4 172.16.2.93
s=RTSP Session
i=An Example of RTSP Session Usage
e=adm@example.com
a=control:rtsp://example.com/twister
t=0 0
m=audio 0 RTP/AVP 0
a=control:rtsp://example.com/twister/audio
m=video 0 RTP/AVP 26
a=control:rtsp://example.com/twister/video

C->M: SETUP rtsp://example.com/twister/audio RTSP/1.0
CSeq: 2
Transport: RTP/AVP;unicast;client_port=8000-8001

M->C: RTSP/1.0 200 OK
CSeq: 2
Transport: RTP/AVP;unicast;client_port=8000-8001;

server_port=9000-9001
Session: 12345678

C->M: SETUP rtsp://example.com/twister/video RTSP/1.0
CSeq: 3
Transport: RTP/AVP;unicast;client_port=8002-8003
Session: 12345678

M->C: RTSP/1.0 200 OK
CSeq: 3
Transport: RTP/AVP;unicast;client_port=8002-8003;

server_port=9004-9005
Session: 12345678
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C->M: PLAY rtsp://example.com/twister RTSP/1.0
CSeq: 4
Range: npt=0-
Session: 12345678

M->C: RTSP/1.0 200 OK
CSeq: 4
Session: 12345678
Range: npt=0-
RTP-Info: url=rtsp://example.com/twister/video;

seq=12345;rtptime=3450012,
url=rtsp://example.com/twister/audio;
seq=54321;rtptime=2876889

C->M: PAUSE rtsp://example.com/twister/video RTSP/1.0
CSeq: 5
Session: 12345678

M->C: RTSP/1.0 460 Only aggregate operation allowed
CSeq: 5

C->M: PAUSE rtsp://example.com/twister RTSP/1.0
CSeq: 6
Session: 12345678

M->C: RTSP/1.0 200 OK
CSeq: 6
Session: 12345678

C->M: SETUP rtsp://example.com/twister RTSP/1.0
CSeq: 7
Transport: RTP/AVP;unicast;client_port=10000
Session: 12345678

M->C: RTSP/1.0 459 Aggregate operation not allowed
CSeq: 7

In thefirst instanceof failure,theclient triesto pauseonestream(in thiscasevideo)of thepresentation.
Thisis notallowedasthissessionis setupfor aggregatedcontrol. In thesecondinstance,theaggregateURL
maynotbeusedfor SETUP andonecontrolmessageis requiredperstreamto setup transportparameters.

This keepsthe syntaxof the Transport headersimple and allows easyparsingof transportinformation by

firewalls.
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15.3 SingleStreamContainer Files

SomeRTSPserversmaytreatall filesasthoughthey are“containerfiles”, yetotherserversmaynotsupport
suchaconcept.Becauseof this,clientsSHOULDusetherulessetforth in thesessiondescriptionfor request
URLs, ratherthanassumingthata consistentURL mayalwaysbeusedthroughout.Here’s anexampleof
how amulti-streamserver might expecta single-streamfile to beserved:

C->S DESCRIBE rtsp://foo.com/test.wav RTSP/1.0
Accept: application/x-rtsp-mh, application/sdp
CSeq: 1

S->C RTSP/1.0 200 OK
CSeq: 1
Content-base: rtsp://foo.com/test.wav/
Content-type: application/sdp
Content-length: 48

v=0
o=- 872653257 872653257 IN IP4 172.16.2.187
s=mu-law wave file
i=audio test
t=0 0
m=audio 0 RTP/AVP 0
a=control:streamid=0

C->S SETUP rtsp://foo.com/test.wav/streamid=0 RTSP/1.0
Transport: RTP/AVP/UDP;unicast;

client_port=6970-6971;mode="PLAY"
CSeq: 2

S->C RTSP/1.0 200 OK
Transport: RTP/AVP/UDP;unicast;client_port=6970-6971;

server_port=6970-6971;mode="PLAY"
CSeq: 2
Session: 2034820394

C->S PLAY rtsp://foo.com/test.wav RTSP/1.0
CSeq: 3
Session: 2034820394

S->C RTSP/1.0 200 OK
CSeq: 3
Session: 2034820394
Range: npt=0-600
RTP-Info: url=rtsp://foo.com/test.wav/streamid=0;
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seq=981888;rtptime=3781123

NotethedifferentURL in theSETUP command,andthentheswitchbackto theaggregateURL in the
PLAY command.Thismakescompletesensewhentherearemultiplestreamswith aggregatecontrol,but is
lessthanintuitive in thespecialcasewherethenumberof streamsis one.

In thisspecialcase,it is recommendedthatserversbeforgiving of implementationsthatsend:

C->S PLAY rtsp://foo.com/test.wav/streamid=0 RTSP/1.0
CSeq: 3

In theworstcase,serversshouldsendback:

S->C RTSP/1.0 460 Only aggregate operation allowed
CSeq: 3

Onewouldalsohopethatserver implementationsarealsoforgiving of thefollowing:

C->S SETUP rtsp://foo.com/test.wav RTSP/1.0
Transport: rtp/avp/udp;client_port=6970-6971;mode="PLAY"
CSeq: 2

Sincethereis only asinglestreamin thisfile, it’s notambiguouswhatthismeans.

15.4 Li veMedia PresentationUsing Multicast

The mediaserver , choosesthe multicastaddressandport. Here,we assumethat the web server only
containsapointerto thefull description,while themediaserver , maintainsthefull description.

C->W: GET /concert.sdp HTTP/1.1
Host: www.example.com

W->C: HTTP/1.1 200 OK
Content-Type: application/x-rtsl

<session>
<track src="rtsp://live.example.com/concert/audio">

</session>

C->M: DESCRIBE rtsp://live.example.com/concert/audio RTSP/1.0
CSeq: 1

M->C: RTSP/1.0 200 OK
CSeq: 1
Content-Type: application/sdp
Content-Length: 44
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v=0
o=- 2890844526 2890842807 IN IP4 192.16.24.202
s=RTSP Session
m=audio 3456 RTP/AVP 0
c=IN IP4 224.2.0.1/16
a=control:rtsp://live.example.com/concert/audio

C->M: SETUP rtsp://live.example.com/concert/audio RTSP/1.0
CSeq: 2
Transport: RTP/AVP;multicast

M->C: RTSP/1.0 200 OK
CSeq: 2
Transport: RTP/AVP;multicast;destination=224.2.0.1;

port=3456-3457;ttl=16
Session: 0456804596

C->M: PLAY rtsp://live.example.com/concert/audio RTSP/1.0
CSeq: 3
Session: 0456804596

M->C: RTSP/1.0 200 OK
CSeq: 3
Session: 0456804596
Range:npt=now-

16 Syntax

TheRTSPsyntaxis describedin anaugmentedBackus-Naurform (BNF) asdefinedin RFC2234[14]. Also
the”#” rule from RFC2616[26] is alsodefinedandusedin thissyntaxdescription.
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16.1 BaseSyntax

OCTET = & any 8-bit sequence of data '
CHAR = & any US-ASCII character (octets 0 - 127) '
UPALPHA = & any US-ASCII uppercase letter ”A”..”Z” '
LOALPHA = & any US-ASCII lowercase letter ”a”..”z” '
ALPHA = UPALPHA / LOALPHA
DIGIT = & any US-ASCII digit ”0”..”9” '
CTL = & any US-ASCII control character

(octets 0 - 31) and DEL (127) '
CR = & US-ASCII CR, carriage return (13) '
LF = & US-ASCII LF, linefeed (10) '
SP = & US-ASCII SP, space (32) '
HT = & US-ASCII HT, horizontal-tab (9) '
& ” ' = & US-ASCII double-quote mark (34) '
BACKSLASH = & US-ASCII backslash (92) '
CRLF = CR LF
LWS = [CRLF] 1*( SP / HT )
TEXT = & any OCTET except CTLs '
tspecials = ”(” / ”)” / ” & ” / ” ' ” / ”@”

/ ”,” / ”;” / ”:” / BACKSLASH / & ” '
/ ”/” / ”[” / ”]” / ”?” / ”=”
/ ” - ” / ” . ” / SP / HT

token = 1* & any CHAR except CTLs or tspecials '
quoted-string = ( & ” ' *(qdtext) & ” ' )
qdtext = & any TEXT except & ” '/'
quoted-pair = BACKSLASH CHAR

message-header = field-name ”:” [ field-value ] CRLF
field-name = token
field-value = *( field-content / LWS )
field-content = & the OCTETs making up the field-value and

consisting
of either *TEXT or combinations of token, tspecials,
and quoted-string '

safe = ”$” / ”-” / ” ” / ”.” / ”+”
extra = ”!” / ”*” / ” 0 ” / ”(” / ”)” / ”,”

hex = DIGIT / ”A” / ”B” / ”C” / ”D” / ”E” / ”F” /
”a” / ”b” / ”c” / ”d” / ”e” / ”f”

escape = ”%” hex hex
reserved = ”;” / ”/” / ”?” / ”:” / ”@” / ”&” / ”=”

unreserved = alpha / digit / safe / extra
xchar = unreserved / reserved / escape
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16.2 RTSP ProtocolDefinition

16.2.1 MessageSyntax

RTSP-message = Request / Response ; RTSP/1.0 messages
generic-message = start-line

*(message-header CRLF)
CRLF
[ message-body ]

start-line = Request-Line / Status-Line

Request = Request-Line ; Section6.1
*( general-header ; Section5
/ request-header ; Section6.2
/ entity-header ) ; Section8.1

CRLF
[ message-body ] ; Section4.3

Response = Status-Line ; Section7.1
*( general-header ; Section5
/ response-header ; Section7.1.2
/ entity-header ) ; Section8.1

CRLF
[ message-body ] ; Section4.3

Request-Line = Method SP Request-URI SP RTSP-Version CRLF

Status-Line = RTSP-Version SP Status-Code SP Reason-Phrase CRLF

Method = ”DESCRIBE” ; Section11.2
/ ”GET PARAMETER” ; Section11.7
/ ”OPTIONS” ; Section11.1
/ ”PAUSE” ; Section11.5
/ ”PLAY” ; Section11.4
/ ”PING” ; Section11.10
/ ”REDIRECT” ; Section11.9
/ ”SETUP” ; Section11.3
/ ”SET PARAMETER” ; Section11.8
/ ”TEARDOWN” ; Section11.6
/ extension-method

extension-method = token
Request-URI = ”*” / absolute URI
RTSP-Version = ”RTSP” ”/” 1*DIGIT ”.” 1*DIGIT

H. Schulzrinne,A. Rao,R. Lanphier, M. Westerlund ExpiresSeptember, 2003 [Page75]



INTERNET-DRAFT draft-draft-ietf-mmusic-rfc2326bis-03.ps March3, 2003

Status-Code = ”100” ; Continue
/ ”200” ; OK
/ ”201” ; Created
/ ”250” ; Low on StorageSpace
/ ”300” ; Multiple Choices
/ ”301” ; MovedPermanently
/ ”302” ; MovedTemporarily
/ ”303” ; SeeOther
/ ”304” ; Not Modified
/ ”305” ; UseProxy
/ ”400” ; BadRequest
/ ”401” ; Unauthorized
/ ”402” ; PaymentRequired
/ ”403” ; Forbidden
/ ”404” ; Not Found
/ ”405” ; MethodNot Allowed
/ ”406” ; Not Acceptable
/ ”407” ; ProxyAuthenticationRequired
/ ”408” ; RequestTime-out
/ ”410” ; Gone
/ ”411” ; LengthRequired
/ ”412” ; PreconditionFailed
/ ”413” ; RequestEntity TooLarge
/ ”414” ; Request-URITooLarge
/ ”415” ; UnsupportedMediaType
/ ”451” ; ParameterNot Understood
/ ”452” ; reserved
/ ”453” ; Not EnoughBandwidth
/ ”454” ; SessionNot Found
/ ”455” ; MethodNot Valid in ThisState
/ ”456” ; HeaderField Not Valid for Resource
/ ”457” ; Invalid Range
/ ”458” ; ParameterIs Read-Only
/ ”459” ; Aggregateoperationnotallowed
/ ”460” ; Only aggregateoperationallowed
/ ”461” ; Unsupportedtransport
/ ”462” ; Destinationunreachable
/ ”500” ; InternalServer Error
/ ”501” ; Not Implemented
/ ”502” ; BadGateway
/ ”503” ; ServiceUnavailable
/ ”504” ; Gateway Time-out
/ ”505” ; RTSPVersionnot supported
/ ”551” ; Optionnot supported
/ extension-code
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extension-code = 3DIGIT

Reason-Phrase = * & TEXT, excludingCR, LF '

general-header = Cache-Control ; Section13.9
/ Connection ; Section13.10
/ CSeq ; Section13.17
/ Date ; Section13.18
/ Timestamp ; Section13.39
/ Via ; Section13.44

request-header = Accept ; Section13.1
/ Accept-Encoding ; Section13.2
/ Accept-Language ; Section13.3
/ Authorization ; Section13.6
/ Bandwidth ; Section13.7
/ Blocksize ; Section13.8
/ From ; Section13.20
/ If-Modified-Since ; Section13.23
/ Proxy-Require ; Section13.27
/ Range ; Section13.29
/ Referer ; Section13.30
/ Require ; Section13.32
/ Scale ; Section13.34
/ Session ; Section13.37
/ Speed ; Section13.35
/ Supported ; Section13.38
/ Transport ; Section13.40
/ User-Agent ; Section13.42

response-header = Accept-Ranges ; Section13.4
/ Location ; Section13.25
/ Proxy-Authenticate ; Section13.26
/ Public ; Section13.28
/ Range ; Section13.29
/ Retry-After ; Section13.31
/ RTP-Info ; Section13.33
/ Scale ; Section13.34
/ Session ; Section13.37
/ Server ; Section13.36
/ Speed ; Section13.35
/ Transport ; Section13.40
/ Unsupported ; Section13.41
/ Vary ; Section13.43
/ WWW-Authenticate ; Section13.45
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rtsp URL = ( ”rtsp:” / ”rtspu:” / ”rtsps” )
”//” host [ ”:” port ] [ abs path ] [ ”#” fragment ]

host = As defined by RFC 2732 [30]
abs path = As defined by RFC 2396 [22]
port = *DIGIT

smpte-range = smpte-type ”=” smpte-range-spec
smpte-range-spec = ( smpte-time ”-” [ smpte-time ] ) / ( ”-” smpte-time )
smpte-type = ”smpte” / ”smpte-30-drop” / ”smpte-25”

; othertimecodesmaybeadded
smpte-time = 1*2DIGIT ”:” 1*2DIGIT ”:” 1*2DIGIT

[ ”:” 1*2DIGIT [ ”.” 1*2DIGIT ] ]

npt-range = [”npt” ”=”] npt-range-spec
; implementationsSHOULD usenpt=prefix,but SHOULD
; bepreparedto interoperatewith RFC2326
; implementationswhichdon’t useit

npt-range-spec = ( npt-time ”-” [ npt-time ] ) / ( ”-” npt-time )
npt-time = ”now” / npt-sec / npt-hhmmss
npt-sec = 1*DIGIT [ ”.” *DIGIT ]
npt-hhmmss = npt-hh ”:” npt-mm ”:” npt-ss [ ”.” *DIGIT ]
npt-hh = 1*DIGIT ; any positive number
npt-mm = 1*2DIGIT ; 0-59
npt-ss = 1*2DIGIT ; 0-59

utc-range = ”clock” ”=” utc-range-spec
utc-range-spec = ( utc-time ”-” [ utc-time ] ) / ( ”-” utc-time )
utc-time = utc-date ”T” utc-time ”Z”
utc-date = 8DIGIT ; & YYYYMMDD '
utc-time = 6DIGIT [ ”.” fraction ]; & HHMMSS.fraction '
fraction = 1*DIGIT

feature-tag = token
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16.2.2 Header Syntax

Transport = ”Transport” ”:” 1#transport-spec
transport-spec = transport-id *parameter
transport-id = transport-protocol ”/” profile [”/” lower-transport]

; noLWSis allowedinsidetransport-id
transport-protocol = ”RTP” / token
profile = ”AVP” / token
lower-transport = ”TCP” / ”UDP” / token
parameter = ”;” ( ”unicast” / ”multicast” )

/ ”;” ”source” ”=” host
/ ”;” ”destination” [ ”=” host ]
/ ”;” ”interleaved” ”=” channel [ ”-” channel ]
/ ”;” ”append”
/ ”;” ”ttl” ”=” ttl
/ ”;” ”layers” ”=” 1*DIGIT
/ ”;” ”port” ”=” port-spec
/ ”;” ”client port” ”=” port-spec
/ ”;” ”server port” ”=” port-spec
/ ”;” ”ssrc” ”=” ssrc
/ ”;” ”client ssrc” ”=” ssrc
/ ”;” ”mode” ”=” mode-spec
/ ”;” ”dest addresses” ”=” addr-list
/ ”;” ”src addresses” ”=” addr-list
/ ”;” trn-parameter-extension

port-spec = port [ ”-” port ]
trn-parameter-extension = par-name ”=” trn-par-value
par-name = token
trn-par-value = *unreserved
ttl = 1*3(DIGIT)
ssrc = 8*8(HEX)
channel = 1*3(DIGIT)
mode-spec = & ” ' 1#mode & ” ' / mode
mode = ”PLAY” / ”RECORD” / token
addr-list = host-port *(”/” host-port)
host-port = host [”:” port]
host = see chapter 16
port = see chapter 16

17 Security Considerations

Becauseof thesimilarity in syntaxandusagebetweenRTSPserversandHTTPservers,thesecurityconsid-
erationsoutlinedin [H15] apply. Specifically, pleasenotethefollowing:

Authentication Mechanisms: RTSPandHTTP sharecommonauthenticationschemes,and thusshould
follow thesameprescriptionswith regardsto authentication. Seechapter15.1of [2] for client au-
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thenticationissues,andchapter15.2of [2] for issuesregardingsupportfor multiple authentication
mechanisms.Also see[H15.6].

Abuseof Server Log Inf ormation: RTSPandHTTP serverswill presumablyhave similar loggingmech-
anisms,andthusshouldbeequallyguardedin protectingthecontentsof thoselogs, thusprotecting
the privacy of the usersof the servers. See[H15.1.1] for HTTP server recommendationsregarding
server logs.

Transfer of Sensitive Inf ormation: Thereis no reasonto believe that information transferredvia RTSP
maybeany lesssensitive thanthatnormally transmittedvia HTTP. Therefore,all of theprecautions
regardingthe protectionof dataprivacy and userprivacy apply to implementorsof RTSP clients,
servers,andproxies.See[H15.1.2]for furtherdetails.

Attacks BasedOn File and Path Names: ThoughRTSPURLsareopaquehandlesthatdonotnecessarily
have file systemsemantics,it is anticipatedthatmany implementationswill translateportionsof the
requestURLsdirectlyto file systemcalls. In suchcases,file systemsSHOULDfollow theprecautions
outlinedin [H15.5], suchascheckingfor “..” in pathcomponents.

PersonalInf ormation: RTSPclientsareoften privy to thesameinformationthat HTTP clientsare(user
name,location,etc.)andthusshouldbeequally. See[H15.1] for furtherrecommendations.

Privacy IssuesConnectedto AcceptHeaders: Sincemayof thesame“Accept” headersexist in RTSPas
in HTTP, thesamecaveatsoutlinedin [H15.1.4]with regardsto their useshouldbefollowed.

DNS Spoofing: Presumably, given the longerconnectiontimestypically associatedto RTSPsessionsrel-
ative to HTTP sessions,RTSPclient DNS optimizationsshouldbe lessprevalent. Nonetheless,the
recommendationsprovidedin [H15.3] arestill relevantto any implementationwhichattemptsto rely
on aDNS-to-IPmappingto holdbeyondasingleuseof themapping.

Location Headersand Spoofing: If a singleserver supportsmultiple organizationsthat do not trust one
another, thenit mustcheckthevaluesof Location andContent-Location headerfieldsin responses
thataregeneratedundercontrolof saidorganizationsto make surethatthey do not attemptto invali-
dateresourcesover which they have no authority. ([H15.4])

In additionto therecommendationsin thecurrentHTTPspecification(RFC2616[26], asof thiswriting)
and also of the previous RFC2068[2], future HTTP specificationsmay provide additionalguidanceon
securityissues.

Thefollowing areaddedconsiderationsfor RTSPimplementations.

Concentrateddenial-of-service attack: Theprotocolofferstheopportunityfor aremote-controlleddenial-
of-serviceattack.

The attacker may initiate traffic flows to oneor moreIP addressesby specifyingthemasthe desti-
nation in SETUP requests.While the attacker’s IP addressmay be known in this case,this is not
alwaysuseful in preventionof moreattacksor ascertainingthe attackers identity. Thus, an RTSP
server SHOULD only allow client-specifieddestinationsfor RTSP-initiatedtraffic flows if theserver
hasverifiedtheclient’s identity, eitheragainsta databaseof known usersusingRTSPauthentication
mechanisms(preferablydigestauthenticationor stronger),or othersecuremeans.
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Sessionhijacking: Sincethereis no or little relationbetweena transportlayer connectionandan RTSP
session,it is possiblefor a maliciousclient to issuerequestswith randomsessionidentifierswhich
would affect unsuspectingclients. The server SHOULD usea large, randomand non-sequential
sessionidentifierto minimizethepossibilityof this kind of attack.

Authentication: ServersSHOULD implementboth basicanddigest[6] authentication.In environments
requiring tighter securityfor the control messages,transportlayer mechanismssuchasTLS (RFC
2246[27]) SHOULD beused.

Streamissues: RTSP only provides for streamcontrol. Streamdelivery issuesare not covered in this
section,nor in the restof this draft. RTSPimplementationswill mostlikely rely on otherprotocols
suchasRTP, IP multicast,RSVPandIGMP, andshouldaddresssecurityconsiderationsbroughtup in
thoseandotherapplicablespecifications.

Persistentlysuspiciousbehavior: RTSPserversSHOULDreturnerrorcode403(Forbidden)uponreceiv-
ing a single instanceof behavior which is deemeda securityrisk. RTSPserversSHOULD alsobe
awareof attemptsto probetheserver for weaknessesandentrypointsandMAY arbitrarilydisconnect
andignorefurtherrequestsclientswhicharedeemedto bein violationof local securitypolicy.

18 IAN A Considerations

This sectionsetup a numberof registersfor RTSPthat shouldbe maintainedby IANA. For eachregistry
thereis adescriptiononwhatit shallcontain,whatspecificationis neededwhenaddingaentrywith IANA,
andfinally theentriesthatthisdocumentneedsto register. Seealsothesection1.6”ExtendingRTSP”.

Thesectionsdescribinghow to registeran item usessomeof the requirementslevel describedin RFC
2434[29], namely” FirstCome,FirstServed”, ”SpecificationRequired”,and”StandardsAction”.

A registrationrequestto IANA MUST containthefollowing information:

1 A nameof theitemto registeraccordingto therulesspecifiedby theintendedregistry.

1 Indicationof who haschangecontrolover thefeature(for example,IETF, ISO, ITU-T, otherinterna-
tional standardizationbodies,aconsortiumor a particularcompany or groupof companies);

1 A referenceto a further description,if available, for example(in order of preference)an RFC, a
publishedstandard,a publishedpaper, a patentfiling, a technicalreport,documentedsourcecodeor
acomputermanual;

1 For proprietaryfeatures,contactinformation(postalandemailaddress);

18.1 Feature-tags

18.1.1 Description

Whena client andserver try to determinewhat part andfunctionality of the RTSPspecificationandany
future extensionsthat its counterpart implementsthereis needfor a namespace.This registry contains
namedentriesrepresentingcertainfunctionality.

Theusageof feature-tagsis explainedin section10 and11.1.
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18.1.2 RegisteringNew Feature-tagswith IAN A

Theregisteringof feature-tagsis doneon afirst come,first servedbasis.
The nameof the featureMUST follow theserules: The namemay be of any length,but SHOULD be

no morethantwentycharacterslong. ThenameMUST not containany spaces,or controlcharacters.Any
proprietaryfeatureSHALL have asthefirst partof thenameavendortag,which identifiestheorganization.

18.1.3 Registered entries

The following feature-tagsarein this specificationdefinedandherebyregistered.Thechangecontrol be-
longsto theAuthorsandtheIETF MMUSIC WG.

play.basic: Theminimal implementationfor playbackoperationsaccordingto sectionD.

play.scale: Supportof scaleoperationsfor mediaplayback.

play.speed: Supportof thespeedfunctionalityfor playback.

setup.playing: Theuseof SETUP andTEARDOWN in playstate.

con.persistent: Supportanduseof persistentconnections,seechapter9.3.

18.2 RTSP Methods

18.2.1 Description

What a methodis, is describedin section11. Extendingthe protocolwith new methodsallow for totally
new functionality.

18.2.2 RegisteringNew Methodswith IAN A

A new methodMUST be registeredthroughan IETF standardtrack document. The reasonis that new
methodsmayradicallychangetheprotocolsbehavior andpurpose.

A specificationfor a new RTSPmethodMUST consistof thefollowing items:

1 A methodnamewhich follows theBNF rulesfor methods.

1 A clearspecificationon what actionandresponsea requestwith the methodwill result in. Which
directionsthemethodis used,(3254 or 4 26( or both. How theuseof headers,if any, modifies
thebehavior andeffectof themethod.

1 A list or tablespecifyingwhich of the registeredheadersthatareallowed to usewith themethodin
requestor/andresponse.

1 Describehow themethodrelatesto network proxies.

18.2.3 Registered Entries

Thisspecification,RFCXXXX, registers10methods:DESCRIBE, GET PARAMETER,OPTIONS, PAUSE,
PING, PLAY, REDIRECT, SETUP, SET PARAMETER, andTEARDOWN.
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18.3 RTSP StatusCodes

18.3.1 Description

A statuscodeis thethreedigit numbersusedto convey informationin RTSPresponsemessages,see7. The
numberspaceis limited andcareshouldbetakennot to fill thespace.

18.3.2 RegisteringNew StatusCodeswith IAN A

A new statuscodecanonly beregisteredby anIETF standardstrackdocument.A specificationfor a new
statuscodeMUST specifythefollowing:

1 Therequestednumber.

1 A descriptionwhatthestatuscodemeansandtheexpectedbehavior of thesenderandreceiver of the
code.

18.3.3 Registered Entries

RFCXXX, registersthenumberedstatuscodedefinedin theBNF entry ”Status-Code”except”extension-
code”in section 7.1.1.

18.4 RTSP Headers

18.4.1 Description

By specifyingnew headersa method(s)canbeenhancedin many differentways.An unknown headerwill
beignoredby thereceiving entity. If thenew headeris vital for a certainfunctionality, a feature-tagfor the
functionalitycanbecreatedanddemandedto beusedby thecounter-part with the inclusionof a Require
headercarryingthefeature-tag.

18.4.2 RegisteringNew Headerswith IAN A

A public availablespecificationis requiredto registera header. ThespecificationSHOULD bea standards
document,preferableanIETF RFC.

ThespecificationMUST containthefollowing information:

1 Thenameof theheader.

1 A BNF specificationof theheadersyntax.

1 A list or tablespecifyingwhentheheadermaybeused,encompassingall methods,their requestor
response,thedirection( (�2�4 or 4728( ).

1 How theheadershallbehandledby proxies.

1 A descriptionof thepurposeof theheader.

H. Schulzrinne,A. Rao,R. Lanphier, M. Westerlund ExpiresSeptember, 2003 [Page83]



INTERNET-DRAFT draft-draft-ietf-mmusic-rfc2326bis-03.ps March3, 2003

18.4.3 Registered entries

All headersspecifiedin section13 in RFCXXXX areto beregistered.
Furthermorethefollowing RTSPheadersdefinedin otherspecificationsareregistered:

1 x-wap-profile definedin [35].

1 x-wap-profile-diff definedin [35].

1 x-wap-profile-warning definedin [35].

1 x-predecbufsize definedin [35].

1 x-initpredecbufperiod definedin [35].

1 x-initpostdecbufperiod definedin [35].

Note: Theuseof ”X-” is NOT RECOMMENDED but theabove headersin theregisterlist wasdefined
prior to theclarification.

18.5 Transport Header registries

Thetransport headercontainsanumberof parameterswhichhavepossibilitiesfor futureextensions.There-
fore registriesfor thesemustbedefined.

18.5.1 Transport Protocols

A registry for theparametertransport-protocol shallbedefinedwith thefollowing rules:

1 Registeringrequirespublicavailablestandardsspecification.

1 A contactpersonor organizationwith addressandemail.

1 A valuedefinitionthatarefollowing theBNF tokendefinition.

1 A describingtext thatexplainshow theregisteredvalueareusedin RTSP.

Thisspecificationregister1 value:

RTP: Useof theRTP [23] protocolfor mediatransport.Theusageis explainedin RFCXXXX, appendix
B.1.

18.5.2 Profile

A registry for theparameterprofile shallbedefinedwith thefollowing rules:

1 Registeringrequirespublicavailablestandardsspecification.

1 A contactpersonor organizationwith addressandemail.

1 A valuedefinitionthatarefollowing theBNF tokendefinition.
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1 A definitionof whichTransportprotocol(s)thatthisprofile is valid for.

1 A describingtext thatexplainshow theregisteredvalueareusedin RTSP.

AVP: The ”RTP profile for audioandvideo conferenceswith minimal control” [1] MUST only be used
whenthetransportheaderstransport-protocolis ”RTP”.

18.5.3 Lower Transport

A registry for theparameterlower-transport shallbedefinedwith thefollowing rules:

1 Registeringrequirespublicavailablestandardsspecification.

1 A contactpersonor organizationwith addressandemail.

1 A valuedefinitionthatarefollowing theBNF tokendefinition.

1 A describingtext thatexplainshow theregisteredvalueareusedin RTSP. This includes

UDP: Indicatestheuseof the”User datagramprotocol” [7] for mediatransport.

TCP: IndicatestheuseTransmissioncontrolprotocol [9] for mediatransport.

18.5.4 Transport modes

A registry for thetransportparametermode shallbedefinedwith thefollowing rules:

1 Registeringrequiresa IETF standardtracksdocument.

1 A contactpersonor organizationwith addressandemail.

1 A valuedefinitionthatarefollowing theBNF tokendefinition.

1 A describingtext thatexplainshow theregisteredvalueareusedin RTSP.

PLAY: SeeRFCXXXX.

RECORD: SeeRFCXXXX.

18.6 CacheDir ective Extensions

Thereexist anumberof cachedirectiveswhichcanbesentin theCache-Control header. A registry for this
cachedirectivesshallbedefinedwith thefollowing rules:

1 Registeringrequiresa IETF standardtracksdocument.

1 A registrationshallnameacontactperson.

1 Nameof thedirective andadefinitionof thevalue,if any.

1 A describingtext thatexplainshow thecachedirective is usedfor RTSPcontrolledmediastreams.
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A RTSP ProtocolStateMachine

The RTSP sessionstatemachinedescribethe behavior of the protocol from RTSP sessioninitialization
throughRTSPsessiontermination.

Statemachineis definedon a persessionbasiswhich is uniquelyidentifiedby theRTSPsessioniden-
tifier. Thesessionmaycontainzeroor moremediastreamsdependingon state.If a singlemediastreamis
partof thesessionit is in non-aggregatedcontrol. If two or moreis partof thesessionit is in aggregated
control.

This statemachineis onepossiblerepresentationthathelpsexplain how theprotocolworksandwhen
different requestsareallowed. We find it a reasonablerepresentationbut doesnot mandateit, andother
representationscanbecreated.

A.1 States

Thestatemachinecontainsfivestates,describedbelow. For eachstatethereexist atablewhichshowswhich
requestsandeventsthatis allowedandif they will resultin astatechange.

Init: Initial stateno sessionexist.

Ready-nm: Readystatewithoutany medias.

Ready: Sessionis readyto startplaying.

Play: Sessionis playing,i.e. sendingmediastreamdatain thedirection 4�2�( .

A.2 Statevariables

This representationof thestatemachineneedsmorethanits stateto work. A smallnumberof variablesare
alsoneededandis explainedbelow.

NRM: Thenumberof mediastreamspartof this session.

RP: Resumepoint, thepoint in thepresentationtime line at which a requestto continuewill resumefrom.
A time formatfor thevariableis notmandated.

A.3 Abbreviations

To make thestatetablesmorecompacta numberof abbreviationsareused,whichareexplainedbelow.

IFI: IF Implemented.

md: Media

PP: PausePoint,thepoint in thepresentationtime line atwhich thepresentationwaspaused.

Prs: Presentation,thecompletemultimediapresentation.

RedP: RedirectPoint,thepoint in thepresentationtimeline atwhichaREDIRECT wasspecifiedto occur.

SES: Session.
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A.4 StateTables

This sectioncontainsa tablefor eachstate.The tablecontainsall the requestsandeventsthat this stateis
allowed to act on. The eventswhich is methodnamesare,unlessnoted,requestswith the given method
in the directionclient to server ( (92 4 ). In somecasesthereexist oneor morerequisite. The response
columntells what typeof responseactionsshouldbe performed.Possibleactionsthat is requestedfor an
event includes: responsecodes,e.g. 200,headersthat MUST be includedin the response,settingof state
variables,or settingof othersessionrelatedparameters.The new statecolumntells which statethe state
machineshallchangeto.

Theresponseto valid requestmeetingthe requisitesis normallya 2xx (SUCCESS)unlessothernoted
in theresponsecolumn.Theexceptionsshallbegivena responseaccordingto theresponsecolumn. If the
requestdoesnot meettherequisite,is erroneousor someothertypeof erroroccurtheappropriateresponse
codeMUST be sent. If the responsecodeis a 4xx thesessionstateis unchanged.A responsecodeof 3rr
will resultin that thesessionis endedandits stateis changedto Init. A responsecodeof 304resultsin no
statechange.However thereexist restrictionsto whena 3xx — responsemay be used. A 5xx response
SHALL not result in any changeof thesessionstate,exceptif theerror is not possibleto recover from. A
unrecoverableerrorSHALL resulttheendingof thesession.As it in thegeneralcasecan’t bedeterminedif
it wasaunrecoverableerroror not theclient will berequiredto test.In thecasethatthenext requestaftera
5xx is respondedwith 454(SessionNot Found)theclient SHALL assumethatthesessionhasbeenended.

The server will timeout the sessionafter the periodof time specifiedin the SETUP response,if no
activity from theclient is detected.Thereforethereexist a timeouteventfor all statesexceptInit.

In the casethat :<;/, =?> the presentationURL is equalto the mediaURL. For :@;/, 'A> the
presentationURL MUST be other thanany of the mediasthat arepart of the session.This appliesto all
states.

Event Prerequisite Response
DESCRIBE NeedsREDIRECT 3rr Redirect
DESCRIBE 200,Sessiondescription
OPTIONS SessionID 200,Resetsessiontimeouttimer
OPTIONS 200
SET PARAMETER Valid parameter 200,changevalueof parameter
GET PARAMETER Valid parameter 200,returnvalueof parameter

Table6: Nonestate-machinechangingevents

Themethodsin Table6 donothaveany effectonthestatemachineor thestatevariables.Howeversome
methodsdo changeothersessionrelatedparameters,for exampleSET PARAMETER which will setthe
parameter(s)specifiedin its body.

Action Requisite New State Response
SETUP Ready :@;/,6=B> , ;DC�= E�F�E
SETUP NeedsRedirect Init 3rr Redirect

Table7: State:Init

The initial stateof the statemachine,seeTable 7 can only be left by processinga correctSETUP
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request.As seenin thetablethetwo statevariablesarealsosetby a correctrequest.This tablealsoshows
thatacorrectSETUP canin somecasesberedirectedto anotherURL and/orserver by a3rr response.

Action Requisite New State Response
SETUP Ready :@;/,6=B> , ;DC�=GE�F�E
SETUP NeedsRedirect Init 3rr
TEARDOWN URL=* Init No sessionhdr.
Timeout Init
472H( :REDIRECT Rangehdr Ready-nm SetRedP
472H( :REDIRECT norangehdr Init
RedPreached Init

Table8: State:Ready-nm

TheoptionalReady-nmstatehasno mediastreamsandthereforecan’t play. This stateexist sothatall
sessionrelatedparametersandresourcescanbekeptwhile changingmediastream(s).As seenin Table8
theoperationsarelimited to settingup a new mediaor tearingdown thesession.Theestablishedsession
canalsoberedirectedwith theREDIRECT method.

Action Requisite New State Response
SETUP New URL Ready :<;/,JI#=J>
SETUP Settenup URL Ready Changetransportparam.
TEARDOWN URL=* Init No sessionhdr
TEARDOWN PrsURL, :<;/, '#> Init No sessionhdr
TEARDOWN md URL, :<;/,6=J> IFI Ready-nm Sessionhdr, :<;/,K= E
TEARDOWN md URL, :<;/,6=J> Init No Sessionhdr, :@;/,K= E
TEARDOWN md URL, :<;/, '#> Ready Sessionhdr, :<;/,MLN=J>
PLAY PrsURL, No range Play Playfrom RP
PLAY PrsURL, Range Play accordingto range
4728( :REDIRECT Rangehdr Ready SetRedP
4728( :REDIRECT no rangehdr Init
Timeout Init
RedPreached Init

Table9: State:Ready

In the Readystate,seeTable9, someof the actionsaredependingon the numberof mediastreams
(NRM) in the session,i.e. aggregatedor non-aggregatedcontrol. A setuprequestin the readystatecan
either add one more mediastreamto the sessionor if the mediastream(sameURL) alreadyis part of
thesessionchangethe transportparameters.TEARDOWN is dependingon both the requestURI andthe
numberof mediastreamwithin thesession.If therequestURI is either* or thepresentationsURI thewhole
sessionis torndown. If amediaURL is usedin theTEARDOWN requestandmorethanonemediaexist in
thesession,thesessionwill remainanda sessionheaderMUST bereturnedin theresponse.If only a single
mediastreamremainsin thesessionwhenperformingaTEARDOWN with a mediaURL , it is optionalto
keepthesession.If thesessionstill exist aftertherequestaSession MUST bereturnedin theresponse.The
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numberof mediastreamsremainingaftertearingdown amediastreamdeterminesthenew state.

Action Requisite New State Response
PAUSE PrsURL,Norange Ready SetRPto presentpoint
PAUSE PrsURL,;DOQPSR�TD'UPWVYX Play SetRP& PPto givenpoint
PAUSE PrsURL,;DOQPSR�TD&Z=[PWVYX Ready SetRPto RangeHdr.
PPreached Ready RP= PP
Endof media All media Play No action,RP= Invalid
Endof media '\=J> Mediaplays Play No action
Endof range Play SetRP= Endof range
SETUP New URL,IFI Play :@;/,]I#=B> , 200,*A
SETUP New URL Play 455
SETUP SetupedURL Play 455
SETUP SetupedURL, IFI Play Changetransportparam.
TEARDOWN ^_;D`�=�a Init No sessionhdr
TEARDOWN PrsURL, :@;/,b'#> Init No sessionhdr
TEARDOWN md URL, :@;/,c=J> ,IFI Ready-nm Sessionhdr
TEARDOWN md URL, :@;/,b'#> ,IFI Play Sessionhdr
TEARDOWN md URL Play 455
4�2�( :REDIRECT Rangehdr Play SetRedP
4�2�( :REDIRECT no rangehdr Init StopMediaPlayout
RedPreached Init StopMediaplayout
Timeout Init StopMediaplayout

Table10: State:Play, *A: RTP-InfoandRangeheader

The Play statetable, seeTable 10, is the largest. The table containsan numberof requestthat has
presentationURL as a prerequisiteon the requestURL, this is due to the exclusion of non-aggregated
streamcontrolin sessionswith morethanonemediastream.

To avoid inconsistenciesbetweentheclientandserver, automaticstatetransitionsareavoided.Thiscan
beseenat for example”End of media”eventwhenall mediahasfinishedplaying, thesessionstill remain
in Play state. An explicit PAUSE requestmustbe sentto changethe stateto Ready. It may appearthat
thereexist two automatictransitionsin ”RedPreached”and”PP reached”,however they arerequestedand
acknowledgebeforethey take place. The time at which the transitionwill happenis known by looking at
therangeheader. If theclient sendsrequestclosein time to thesetransitionsit mustbepreparedfor getting
errormessageasthestatemayor maynothave changed.

SETUP andTEARDOWN requestswith mediaURLs in aggregatedsessionsmay not be handledby
theserver asit is optionalfunctionality. Usetheservicediscovery mechanismwith OPTIONS to find out
in beforehandif theserver implementsit. If thefunctionalityis not implementedbut still tried by theclient
a ”501 Not Implemented”responseSHALL bereceived.

B Media Transport Alter natives

This chapterdefineshow certaincombinationsof protocols,profilesand lower transportsareused. This
includestheusageof theTransport header’s generalsourceanddestinationparameters”src addresses”and
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”dst addresses”.

B.1 RTP

This sectiondefinesthe interactionandneededmediatransportsignallingin regardsto the RTP protocol
[23].

RTSPallows mediaclientsto controlselected,non-contiguoussectionsof mediapresentations,render-
ing thosestreamswith anRTP medialayer[23]. Themedialayer renderingtheRTP streamshouldnot be
affectedby jumpsin NPT. Thus,both RTP sequencenumbersandRTP timestampsMUST be continuous
andmonotonicacrossjumpsof NPT.

As anexample,assumea clock frequency of 8000Hz, a packetizationinterval of 100msandaninitial
sequencenumberand timestampof zero. First we play NPT 10 through15, then skip aheadand play
NPT 18 through20. The first segmentis presentedasRTP packetswith sequencenumbers0 through49
andtimestamp0 through39,200. Thesecondsegmentconsistsof RTP packetswith sequencenumber50
through69,with timestamps40,000through55,200.

We cannotassumethat theRTSPclient cancommunicatewith theRTP mediaagent,asthe two maybe inde-
pendentprocesses.If theRTP timestampshows thesamegapastheNPT, themediaagentwill assumethat there
is a pausein thepresentation.If thejump in NPT is largeenough,theRTP timestampmayroll over andthemedia
agentmaybelieve laterpacketsto beduplicatesof packetsjustplayedout.

For certaindatatypes,tight integrationbetweentheRTSPlayerandtheRTP layerwill benecessary. This by

no meansprecludesthe above restriction. CombinedRTSP/RTP mediaclientsshouldusethe RTP-Info field to

determinewhetherincomingRTPpacketsweresentbeforeor aftera seek.

For continuousaudio, the server SHOULD set the RTP marker bit at the beginning of servinga new
PLAY request.Thisallows theclient to performplayoutdelayadaptation.

Forscaling(seeSection13.34),RTPtimestampsshouldcorrespondto theplaybacktiming. Forexample,
whenplaying video recordedat 30 frames/secondat a scaleof two andspeed(Section13.35)of one,the
server would drop every secondframeto maintainanddeliver video packets with the normal timestamp
spacingof 3,000perframe,but NPTwould increaseby 1/15secondfor eachvideoframe.

Theclient canmaintaina correctdisplayof NPT by notingtheRTP timestampvalueof thefirst packet
arriving afterrepositioning.Thesequence parameterof theRTP-Info (Section13.33)headerprovidesthe
first sequencenumberof thenext segment.

Below theavailableRTP profilesandlower layer transportsaregiventogetherwith thenecessaryrules
on how to signalthatcombination.

B.1.1 AVP

The usageof the ”RTP Profile for Audio andVideo Conferenceswith Minimal Control” [1] whenusing
RTPfor mediatransportoverdifferentlower layertransportprotocolsaredefinedbelow in regardsto RTSP.

On suchcaseis definedwithin this document,theuseof embedded(interleaved)binarydataasdefined
in section 11.11.Theusageof thismethodis indicatedby includethe”interleaved” parameter.

Whenusingembeddedbinarydatathe”src addresses”and”dst addresses”SHALL NOT beused.This
addressingandmultiplexing is usedasdefinedwith useof channelnumbersandtheinterleavedparameter.
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B.1.2 AVP/UDP

This part descibessendingof RTP [23] over lower transportlayer UDP [7] accordingto the profile ”RTP
Profilefor Audio andVideoConferenceswith Minimal Control” definedin RFC1890[1].

This profiles requiresthat one or two uni- or bi-directionalUDP flows per mediastream. The first
UDP flow is for RTP andthe secondis for RTCP. Embedded(interleaved) datawhenRTSPmessagesis
transportedoverUDP SHOULD NOT beperformed.

The RTP/UDP and RTCP/UDPflows can be establishedin two ways using the Transport header’s
parameters.Theway provided in RFC2326wasto usethenecessaryparametersfrom thesetof ”source”,
”destination”, ”client port”, and”server port”. This hasthe advantageof beingcompatiblewith all RTP
capableRTSP servers and clients. However this methoddoesnot provide a possibility to specify non-
continuesport rangesfor RTP and RTCP. The other way is to usethe parameters”src addresses”,and
”dst addresses”.This methodprovides total flexibility in specifyingaddressand port numberfor each
transportflow. However thedisadvantageis that it is not supportedby non-updatedclients,i.e. clientsnot
supportingthe”play.basic”feature-tag.

Whenusingthe”source”,”destination”,”client port”, and”server port” thepacketsarebeaddressedin
thefollowing way for mediaplayback:

1 RTP/UDPpacket from the server to the client SHALL be sentto the addressspecifiedin the ”desti-
nation” parameterandfirst evenport numbergivenin client port range.If thereis only a singleport
numbergiventhatMUST begiven.

1 Theserver SHOULD sendits RTP/UDPpacketsfrom theaddressspecifiedin ”source”parameterand
from thefirst evenport numberspecifiedin ”server port” parameter.

1 If thereis specifieda rangein ”client port” parameterthat containsat leasttwo port numbers,the
RTCP/UDPpackets from server to client SHALL be sentto addressspecifiedin the ”destination”
parameterandfirst oddportnumberpartof therangespecifiedin theclient portparameter.

1 The Server SHOULD sendits RTCP/UDPpackets from the addressspecifiedin ”source” parameter
andfrom thefirst oddportnumberspecifiedin ”server port” parameter.

1 RTCP/UDPpacketsfrom theclientto theserverSHALL besentto theaddressspecifiedin the”source”
parameterandfirst oddportnumbergivenin client port range.

1 Theclient SHOULD sendits RTCP/UDPpacketsfrom theaddressspecifiedin ”destination”parameter
andfrom thefirst oddportnumberspecifiedin ”server port” parameter.

Theusageof ”src addresses”and”dst addresses”parametersto specifytheaddressandport numbers
aredonein thefollowing way for mediaplayback,i.e. Mode=PLAY:

1 The”src addresses”and”dst addresses”parametersMUST containeither1 or 2 addressandportpairs.

1 Eachaddressandportpair MUST containbothandaddressandaportnumber.

1 Thefirst addressandportpairgivenin eitherof theparametersappliesto theRTPstream.Thesecond
addressandportpair if presentappliesto theRTCPstream.

1 TheRTP/UDPpacketsfrom theserver to theclient SHALL besentto theaddressandport givenby
first addressandportpair of the”dst addresses”parameter.
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1 TheRTCP/UDPpacketsfrom theserver to theclient SHALL besentto theaddressandport givenby
thesecondaddressandport pair of the ”dst addresses”parameter. If no secondpair is given RTCP
SHALL NOT besent.

1 TheRTCP/UDPpacketsfrom theclient to theserver SHALL besentto theaddressandport givenby
thesecondaddressandport pair of the ”dst addresses”parameter. If no secondpair is given RTCP
SHALL NOT besent.

1 RTP andRTCP Packets SHOULD be sentfrom the correspondingreceiver port, i.e. RTCP packets
from server shouldbesentfrom the”src addresses”parameterssecondaddressportpair.

B.1.3 AVP/TCP

Notethatthis combinationis notyetdefinedusingsperateTCPconnections.However theuseof embedded
(interleaved)binarydatatransportedontheRTSPconnectionis possibleasspecifiedin section11.11.When
usingthis declaredcombinationof interleaved binary datathe RTSPmessagesMUST be transportedover
TCP.

A possiblefuturefor thisprofilewouldbetodefinetheuseof acombinationof thetwodrafts”Connection-
OrientedMedia Transportin SDP” [36] and”Framing RTP andRTCP Packetsover Connection-Oriented
Transport”[37].

B.2 Future Additions

It is the intentionthatany futureprotocolor profile regardingboth for mediadelivery andlower transport
shouldbeeasyto addto RTSP. Thischapterprovidesthenecessarystepsthatneedsto bemeet.

Thefollowing thingsneedsto beconsideredwhenaddinganew protocolof profile for usewith RTSP:

1 Theprotocolor profile needsto definea nametagrepresentingit. This tagis requiredto bea ABNF
”token” to bepossibleto usein theTransport headerspecification.

1 Theusefulcombinationsof protocol/profile/lower-layer needsto bedefinedandfor eachcombination
declarethenecessaryparametersto usein theTransport header.

1 For new mediaprotocolstheinteractionwith RTSPneedsto beaddressed.Oneimportantfactorwill
bethemediasynchronization.

SeetheIANA section( 18)onhow to registerthenecessaryattributes.

C Useof SDPfor RTSP SessionDescriptions

TheSessionDescriptionProtocol(SDP, RFC2327[24]) maybeusedto describestreamsor presentations
in RTSP. This descriptionis typically returnedin reply to a DESCRIBE requeston aURL from aserver to
aclient, receivedvia HTTP from aserver to aclient.

Thisappendixdescribeshow anSDPfile determinestheoperationof anRTSPsession.SDPprovidesno
mechanismby which a client candistinguish,without humanguidance,betweenseveralmediastreamsto
berenderedsimultaneouslyandasetof alternatives(e.g.,two audiostreamsspokenin differentlanguages).
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C.1 Definitions

Theterms“session-level”, “media-level” andotherkey/attributenamesandvaluesusedin thisappendixare
to beusedasdefinedin SDP(RFC2327[24]):

C.1.1 Control URL

The “a=control:” attribute is usedto convey the control URL. This attribute is usedboth for the session
andmediadescriptions.If usedfor individual media,it indicatesthe URL to be usedfor controlling that
particularmediastream.If foundat thesessionlevel, theattribute indicatestheURL for aggregatecontrol.

control-attribute = ”a=” ”control” ”:” url

Example:

a=control:rtsp://example.com/foo

ThisattributemaycontaineitherrelativeandabsoluteURLs,following therulesandconventionssetout
in RFC2396[22]. Implementationsshouldlook for abaseURL in thefollowing order:

1. theRTSPContent-Base field;

2. theRTSPContent-Location field;

3. theRTSPrequestURL.

If this attribute containsonly anasterisk(*), thentheURL is treatedasif it wereanemptyembedded
URL, andthusinheritstheentirebaseURL.

For SDPretrieved from a containerfile, therearecertainthingsto consider. Letssaythat thecontainer
file hasthe following URL: ”rtsp://example.com/container.mp4”. A media level relative URL needsto
containthe file namecontainer.mp4 in the beginning to be resolved correctlyrelative to the beforegiven
URL. An alternative if onedoesnot desireto enterthecontainerfiles nameis to ensurethat thebaseURL
for the SDPdocumentbecomes:”rtsp://example.com/container.mp4/”, i.e. an extra trailing slash. When
usingtheURL resolutionrulesin RFC2396thatwill resolvecorrectly. Howeverasawarningif thesession
level controlURL is a* thatcontrolURL will beequalto ”rtsp://example.com/container.mp4/” andinclude
theslash.

C.1.2 Media Streams

The“m=” field is usedto enumeratethestreams.It is expectedthatall thespecifiedstreamswill berendered
with appropriatesynchronization.If the sessionis unicast,the port numberservesasa recommendation
from the server to the client; the client still hasto include it in its SETUP requestandmay ignore this
recommendation.If theserver hasno preference,it SHOULD settheport numbervalueto zero.

Example:

m=audio 0 RTP/AVP 31
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C.1.3 PayloadType(s)

Thepayloadtype(s)arespecifiedin the“m=” field. In casethepayloadtype is a staticpayloadtype from
RFC 1890[1], no otherinformationis required. In caseit is a dynamicpayloadtype, themediaattribute
“rtpmap” is usedto specifywhat the mediais. The “encodingname”within the “rtpmap” attribute may
be oneof thosespecifiedin RFC 1890(Sections5 and6), or an MIME type registeredwith IANA, or an
experimentalencodingwith a “X-” prefix asspecifiedin SDP(RFC2327[24]). Codec-specificparameters
arenot specifiedin this field, but ratherin the “fmtp” attribute describedbelow. Implementorsseekingto
registernew encodingsshouldfollow theprocedurein RFC1890[1]. If themediatypeis not suitedto the
RTP AV profile, thenit is recommendedthata new profile becreatedandtheappropriateprofile namebe
usedin lieu of “RTP/AVP” in the“m=” field.

C.1.4 Format-SpecificParameters

Format-specificparametersareconveyedusingthe“fmtp” mediaattribute.Thesyntaxof the“fmtp” attribute
is specificto theencoding(s)thattheattributerefersto. Notethatthepacketizationinterval is conveyedusing
the“ptime” attribute.

C.1.5 Rangeof Presentation

The“a=range”attributedefinesthe total time rangeof thestoredsession.(The lengthof live sessionscan
be deducedfrom the“t” and“r” parameters.)Unlessthepresentationcontainsmediastreamsof different
durations,thelengthattributeis asession-level attribute. In caseof differentlengththerangeattributeMUST

begivenat medialevel for all media.Theunit is specifiedfirst, followedby thevaluerange.Theunitsand
their valuesareasdefinedin Section3.4,3.5and3.6. ’

Examples:

a=range:npt=0-34.4368
a=range:clock=19971113T2115-19971113T2203

C.1.6 Time of Availability

The“t=” field MUST containsuitablevaluesfor thestartandstoptimesfor bothaggregateandnon-aggregate
streamcontrol.With aggregatecontrol,theserverSHOULD indicateastoptimevaluefor whichit guarantees
thedescriptiontobevalid,andastarttimethatisequaltoorbeforethetimeatwhichtheDESCRIBE request
wasreceived. It MAY alsoindicatestartandstoptimesof 0, meaningthat thesessionis alwaysavailable.
With non-aggregatecontrol,thevaluesshouldreflecttheactualperiodfor which thesessionis availablein
keepingwith SDPsemantics,andnot dependon othermeans(suchasthe life of thewebpagecontaining
thedescription)for thispurpose.

C.1.7 ConnectionInf ormation

In SDP, the “c=” field containsthe destinationaddressfor the mediastream. However, for on-demand
unicaststreamsandsomemulticaststreams,thedestinationaddressis specifiedby theclientvia theSETUP
request.Unlessthemediacontenthasafixeddestinationaddress,the“c=” field is to besetto asuitablenull
value.For addressesof type“IP4”, this valueis “0.0.0.0”.
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C.1.8 Entity Tag

The optional “a=etag” attribute identifiesa versionof the sessiondescription. It is opaqueto the client.
SETUP requestsmayincludethis identifier in the If-Match field (seesection13.22)to only allow session
establishmentif thisattributevaluestill correspondsto thatof thecurrentdescription.Theattributevalueis
opaqueandmaycontainany characterallowedwithin SDPattributevalues.

Example:

a=etag:158bb3e7c7fd62ce67f12b533f06b83a

Onecouldarguethatthe“o=” field providesidenticalfunctionality. However, it doessoin amannerthatwould

put constraintsonserversthatneedto supportmultiple sessiondescriptiontypesotherthanSDPfor thesamepiece

of mediacontent.

C.2 AggregateControl Not Available

If a presentationdoesnot supportaggregatecontrolandmultiple mediasectionsarespecified,eachsection
MUST have thecontrolURL specifiedvia the“a=control:” attribute.

Example:

v=0
o=- 2890844256 2890842807 IN IP4 204.34.34.32
s=I came from a web page
e=adm@example.com
c=IN IP4 0.0.0.0
t=0 0
m=video 8002 RTP/AVP 31
a=control:rtsp://audio.com/movie.aud
m=audio 8004 RTP/AVP 3
a=control:rtsp://video.com/movie.vid

Note that thepositionof thecontrolURL in thedescriptionimplies that theclient establishesseparate
RTSPcontrolsessionsto theserversaudio.com andvideo.com.

It is recommendedthat an SDPfile containsthe completemediainitialization informationeven if it
is deliveredto the mediaclient throughnon-RTSPmeans.This is necessaryasthereis no mechanismto
indicatethattheclient shouldrequestmoredetailedmediastreaminformationvia DESCRIBE.

C.3 AggregateControl Available

In this scenario,the server hasmultiple streamsthat canbe controlledasa whole. In this case,thereare
botha media-level “a=control:” attributes,which areusedto specifythestreamURLs, anda session-level
“a=control:” attribute which is usedasthe requestURL for aggregatecontrol. If the media-level URL is
relative, it is resolvedto absoluteURLs accordingto SectionC.1.1above.

If thepresentationcomprisesonly asinglestream,themedia-level “a=control:” attributemaybeomitted
altogether. However, if thepresentationcontainsmorethanonestream,eachmediastreamsectionMUST

containits own “a=control” attribute.
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Example:

v=0
o=- 2890844256 2890842807 IN IP4 204.34.34.32
s=I contain
i=<more info>
e=adm@example.com
c=IN IP4 0.0.0.0
t=0 0
a=control:rtsp://example.com/movie/
m=video 8002 RTP/AVP 31
a=control:trackID=1
m=audio 8004 RTP/AVP 3
a=control:trackID=2

In thisexample,theclient is requiredto establishasingleRTSPsessionto theserver, andusestheURLs
rtsp://example.com/movie/trackID=1 andrtsp://example.com/movie/trackID=2
to setupthevideoandaudiostreams,respectively. TheURL rtsp://example.com/movie/ controls
thewholemovie.

A client is not requiredto issuesSETUP requestsfor all streamswithin anaggregateobject. Servers
SHOULD allow theclient to askfor only asubsetof thestreams.

D Minimal RTSP implementation

D.1 Client

A client implementationMUST beableto do thefollowing :

1 Generatethefollowing requests:SETUP, TEARDOWN, PLAY.

1 Includethefollowing headersin requests:CSeq, Connection, Session, Transport.

1 Parseandunderstandthefollowing headersin responses:CSeq, Connection, Session, Transport,
Content-Language, Content-Encoding, Content-Length, Content-Type.

1 Understandthe classof eacherror codereceived andnotify the end-user, if oneis present,of error
codesin classes4xx and5xx. Thenotificationrequirementmayberelaxed if theend-userexplicitly
doesnotwantit for oneor all statuscodes.

1 Expectandrespondto asynchronousrequestsfrom the server, suchasREDIRECT. This doesnot
necessarilymeanthat it shouldimplementthe REDIRECT method,merely that it MUST respond
positively or negatively to any requestreceivedfrom theserver.

Thoughnot required,thefollowing areRECOMMENDED.

1 ImplementRTP/AVP/UDPasavalid transport.

1 Inclusionof theUser-Agent header.
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1 UnderstandSDPsessiondescriptionsasdefinedin AppendixC

1 Acceptmediainitializationformats(suchasSDP)from standardinput,commandline,or othermeans
appropriateto theoperatingenvironmentto actasa “helperapplication”for otherapplications(such
aswebbrowsers).

Theremay be RTSP applicationsdifferent from thoseinitially envisionedby the contributors to the RTSP

specificationfor which the requirementsabove do not make sense.Therefore,the recommendationsabove serve

only asguidelinesinsteadof strict requirements.

D.1.1 BasicPlayback

To supporton-demandplaybackof mediastreams,theclient MUST additionallybeableto do thefollowing:

1 generatethePAUSE request;

1 implementtheREDIRECT method,andtheLocation header.

D.1.2 Authentication-enabled

In orderto accessmediapresentationsfrom RTSPserversthatrequireauthentication,theclient MUST addi-
tionally beableto do thefollowing:

1 recognizethe401(Unauthorized)statuscode;

1 parseandincludetheWWW-Authenticate header;

1 implementBasicAuthenticationandDigestAuthentication.

D.2 Server

A minimal server implementationMUST beableto do thefollowing:

1 Implementthefollowing methods:SETUP, TEARDOWN, OPTIONS andPLAY.

1 Includethefollowing headersin responses:Connection, Content-Length,Content-Type, Content-
Language, Content-Encoding, Timestamp, Transport, Public, andVia, andUnsupported. RTP-
compliantimplementationsMUST alsoimplementtheRTP-Info field.

1 Parseandrespondappropriatelyto thefollowing headersin requests:Connection, Proxy-Require,
Session, Transport, andRequire.

Thoughnot required,thefollowing arehighly recommendedat thetimeof publicationfor practicalinterop-
erability with initial implementationsand/orto bea “goodcitizen”.

1 ImplementRTP/AVP/UDPasavalid transport.

1 Inclusionof theServer header.

1 ImplementtheDESCRIBE method.
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1 GenerateSDPsessiondescriptionsasdefinedin AppendixC

Theremay be RTSP applicationsdifferent from thoseinitially envisionedby the contributors to the RTSP

specificationfor which the requirementsabove do not make sense.Therefore,the recommendationsabove serve

only asguidelinesinsteadof strict requirements.

D.2.1 BasicPlayback

Tosupporton-demandplaybackof mediastreams,theserverMUST additionallybeableto dothefollowing:

1 RecognizetheRange header, andreturnanerrorif seekingis not supported.

1 ImplementthePAUSE method.

In addition, in order to supportcommonly-accepteduserinterfacefeatures,the following arehighly
recommendedfor on-demandmediaservers:

1 Includeandparsethe Range header, with NPT units. Implementationof SMPTEunits is recom-
mended.

1 Includethelengthof themediapresentationin themediainitialization information.

1 Includemappingsfrom data-specifictimestampsto NPT. WhenRTP is used,the rtptime portionof
theRTP-Info field maybeusedto mapRTPtimestampsto NPT.

Client implementationsmay usethe presenceof length informationto determineif the clip is seekable,and
visably disableseekingfeaturesfor clips for which the length information is unavailable. A commonuseof the
presentationlengthis to implementa“slider bar” whichservesasbothaprogressindicatorandatimelinepositioning
tool.

Mappingsfrom RTPtimestampsto NPT arenecessaryto ensurecorrectpositioningof thesliderbar.

D.2.2 Authentication-enabled

In orderto correctlyhandleclientauthentication,theserver MUST additionallybeableto dothefollowing:

1 Generatethe401(Unauthorized)statuscodewhenauthenticationis requiredfor theresource.

1 ParseandincludetheWWW-Authenticate header

1 ImplementBasicAuthenticationandDigestAuthentication

E Open Issues

1. ShouldweaddtheheaderAccept-Rangesasproposedin thisspecification?

2. Uponreceiving a responseon aREDIRECTrequestcantheserver closethesessionor shouldit wait
for aTEARDOWN requestfrom theclient?

3. Theproxy indicationsin thetwo headertablesin chapter13needsreview.
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4. ShouldtheAllow headerbepossibleto useoptionalin requestor responsesbesidesthenow specified
405errorcode?

5. Whattext shouldbewritten onuseof authorizationin thisspec?

6. How doesentity tagsrelateto theIf-Match header?Theusagein SDPmustalsobeclarifiedrelated
to syntax,etc.

7. ShouldtheLast-Modifiedheaderberequiredonotherlevel thanoptional?

8. How to handlerangeheadersfor negative scaleplayback.

9. The minimal implementationmustbe looked over to seeif it complieswith the specification.All
mustandshouldshallbeincludedin theminimal. Feature-tagsfor theseneedsto bedefined.Further
feature-tagsneedsto bediscussed.

10. Thelist specifyingwhich statuscodesareallowedon which requestmethodsseemto bein errorand
needreview.

F Changes

Comparedto RFC2326,thefollowing issuesareaddressed:

1 http://rtsp.org/bug448521 - ”URLs in Rtp-Info needto be quoted”. URLs in RTP-info headernow
MAY bequotedif needed.

1 http://rtsp.org/bug448525 - Syntaxfor SSRCshouldbeclarified.Require8*8 HEX andcorresponding
text added.

1 http://rtsp.org/bug461083 - ”Body w/o Content-Lengthclarification”. This is clarifiedandany mes-
sagewith amessagebodyis requiredto have aContent-Lengthheader.

1 http://rtsp.org/bug477407 - TransportBNF doesn’t properlydealwith semicolonandcomma

1 http://rtsp.org/bug477413 - TransportBNF: modeparameterissues

1 http://rtsp.org/bug477416 - ”BNF errorsection3.6NPT”, Addedanoptional[NPT] definition.Fixed
sothatthesamepossibilitiesexist for all time formats.

1 http://rtsp.org/bug477421 - ”Whento sendresponse”.A clarifying notein thestatuscodechapterthat
whensending400responses,theserver MUST NOT addcseqif missing.

1 http://rtsp.org/bug507347 - Removal of destinationredirectionin thetransportheader.

1 http://rtsp.org/bug477404 - ”Errors in tablein chapter12”. ThetablehasbeenupdatedusingtheSIP
structure.However thetablebecometo big to fit in asinglepageandhasbeensplit.

1 http://rtsp.org/bug477419 - UpdatingHTTP referencesto rfc2616by addingpublic,andcontent-base
header. Sectionreferencesin headerchapterupdated.Known effectsonRTSPdueto HTTPclarifica-
tions:
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– Content-Encodingheadercanincludeencodingof type”identity”.

1 http://rtsp.org/bug500803 - Rewritten thecompletechapteron thestatemachine.

1 http://rtsp.org/bug513753 - Createda IANA sectiondefiningfour registries.

1 http://rtsp.org/bug477427 - A new subsectionin theconnectionschapterclarifying how theserverand
client mayhandletransportconnections.Includesdefininga feature-tag.

1 - Accept-Rangesresponseheaderis added.Thisheaderclarifieswhichrangeformatsthatcanbeused
for a resource.

1 - AddedHeadersTimestamp,Via, Unsupportedasrequiredfor aminimal server implementation.

1 http://rtsp.org/bug477425 - ”Inconsistency betweentimeformats”. Fixed so that all formatshasthe
samecapabilitiesasNPT.

1 http://rtsp.org/bug499573 - ”Incorrectgrammaron Server header”.AddedcorrectedBNF for User-
AgentandServer headerasacomplementto thereference.

1 Thedefinitionin theintroductionof theRTSPsessionhasbeenchanged.

1 UpdatedRTSPURL’s andsourceanddestinationparametersin the transportheaderto handleIPv6
addresses.

1 All BNF definitionsareupdatedaccordingto therulesdefinedin RFC2234[14].

1 Theuseof statuscode303”SeeOther”hasbeendecapitatedasit doesnotmakesenseto usein RTSP.

1 Addedstatuscode350,351andupdatedusageof theotherredirectstatuscodes,seechapter12.3.

1 RemovedQueuedplay (http://rtsp.org/bug508211) anddecapitateduseof PLAY for keep-alive while
in playingstate.

1 Explicitly wroteout thepossibilitiesto usemultiple rangesto allow for editing.

1 Text specifyingthespecialbehavior of PLAY for live content.

1 Whensendingresponse451and458theresponsebodyshouldcontaintheoffendingparameters.

1 Fixed themissingdefinitionsfor theCache-Controlheader. Also addedto thesyntaxdefinition the
missingdelta-secondsfor max-staleandmin-freshparameters.

1 Addedwordingon theusageof Connection:Closefor RTSP.

1 Putrequirementon CSeqheaderthatthevalueis increasedby onefor eachnew RTSPrequest.

1 Addedrequirementthat theDateheadermustbeusedfor all messageswith entity. Also theServer
shouldalwaysincludeit.

1 Removed possibility to useRangeheadercombinedwith Scaleheaderto indicatewhenit shall be
activated,dueto that it can’t work asdefined.Also addedrule that lack of scaleheaderin response
indicatelackof support.Feature-tagsfor scaledplaybackdefined.
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1 TheSpeedheadermustnow berespondedto indicatesupportandtheactualspeedgoingto beused.
A feature-tagis defined.Notesoncongestioncontrolwasalsoadded.

1 TheSupportedheaderwasborrowedfrom SIPto helpwith thefeaturenegotiationin RTSP.

1 Clarifiedthatthetimestampheadercanbeusedto resolve retransmissionambiguities.

1 Addedtwo transportheaderparametersto beusedto signalRTCPport for server andclient whennot
assignedin pairs.Shallbeusedfor NAT traversalwith mechanismslike STUN.Theinteroperability
issueis solvedby requiringaclient to know thataserver supportsthisspecification.

1 Defineda IANA registriesfor the transportheadersparameters,transport-protocol, profile, lower-
transport,andmode.

1 TheOPTIONS methodhasbeenclarifiedonhow to usethePublic andAllow headers.

1 TheSession headertext hasbeenexpandedwith a explanationon keepalive andwhich methodsto
use.

1 http://rtsp.org/bug503949 - Rangeheaderformat for PAUSE is unclear. This hasbeenresolved by
requiringa rangedpauseto only containasinglevalueasabeginningof anopenrange.

1 ServersmayoptionalimplementSETUP andTEARDOWN of a singlemediawhile in PLAY state.
This is signaledusinganfeature-tag(play.setup).

1 Thetransportheadersinterleave parameter’s text wasmademorestrict anduseformal requirements
levels.Howevernochangeon how it is usedwasmade.

1 Addeda fragmentpart to theRTSPURL. This seemto beindicatedby thenotebelow thedefinition
however it wasnotpartof theBNF.

1 TheRECORD andANNOUNCE methodsareremovedasthey arelacking implementationandnot
considerednecessaryin the core specification. Any work on thesemethodsshouldbe doneas a
extensiondocumentto RTSP.

1 Thedescriptionon how rtspuandrtspsis not partof thecorespecificationandwill requireexternal
description.

1 TheTransportheadersRTPportparametershasbeenupdatedtosupportnon-continuousportnumbers.
Also apossibilityfor theclient to specifySSRChasbeenadded.

1 ClarifiedthatRTP-InfoURLs thatarerelative usestherequestURL asbaseURL. Also clarifiedthat
theURL thatmustbeusedis theSETUP.

1 Includedtwo new generaladdressparameters”src addresses”and”dst addresses”to beusedto give
addresssourceanddestinationof mediatraffic.

1 Updatedthetext onthetransportheaders”destination”parameterregardingwhatsecurityprecautions
theserver shallperform.
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1 Wrotea new chapterabouthow to setupdifferentmediatransportalternativesandtheir profiles,and
lower layer protocols. This resultedthat the appendixon RTP interactionwasmoved thereinstead
in thepartdescribingRTP. Thechapteralsoincludesguidelineswhatto think of whenwriting usage
guidelinesfor new protocolsandprofiles.

1 Theembedded(interleaved)binarydataandits transportparameterwasclarifiedto beingsymmetric
andthatit is theserver thatsetsthechannelnumbers.

1 Addeda new chapterdescribingtheavailablemechanismsto determineif functionality is supported,
called”CapabilityHandling”. Renamedoption-tagsto feature-tags.

1 Addedacontributorschapterwith peoplewho hascontributeactualtext to thespecification.

1 Addedtext that requirestheRange to alwaysbepresentin PLAY responses.Clarifiedwhatshould
besentin caseof live streams.

Notethatthis list doesnot reflectminor changesin wordingor correctionof typographicalerrors.
A word-by-word diff from RFC2326canbefoundathttp://rtsp.org/2002/drafts
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