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4.1  
1 Introduction
This document presents details extending the solution path proposed in S4-060605 to improve startup and channel switching times by allowing increased RTSP pipelining. This solution allows startup or channel change via a single round trip for use cases in which the client already has the content description (SDP) prior to initiating the request for playback.
2 Discussion

In order to improve start up times, it is desirable to allow a client to pipeline all necessary SETUP requests and the PLAY request. This would allow streaming to begin with a single RTSP round trip if the client already has the SDP (or other adequate content description), or two round trips if it needs to first perform a DESCRIBE in order to receive the necessary information. 

3 Session Initiation ID Header
If startup is to be performed in a single round trip, the client must be able indicate to the server that all the messages are to be carried on the session initiated by the first SETUP. We therefore define a request header “Session-Initiation-ID” that allows the client to specify an ID which the server can use to identify the proper session on which to carry each message. 

     Session-Initiation-ID   =   1*( DIGIT )

Once a session has been established by a request bearing a Session-Initiation-ID, any further request sent on the same RTSP TCP connection and bearing the same Session-Initiation-ID is considered by the server to be carried on that same session. Unlike the server generated Session-ID, this ID is valid only on a single RTSP TCP connection and therefore does not need to be unique across clients. The Session-Initiation-ID is valid only for the lifetime of the session it describes and should only be used for messages sent prior to reception of a valid Session-ID.

4 Initiation Pipelining Option
If a client were to simply pipeline the SETUP and PLAY requests with no knowledge of the capabilities of the server, this would cause undesired behaviour if connected to an RTSP 1.0 server that does not understand the new header - this would cause the server to initiate separate sessions for each SETUP request. In order to avoid this, a new option is defined - “initiation-pipelining-support” - which describes support for this feature.
A client using Session-Initiation-ID to pipeline SETUP and PLAY requests shall include “initiation-pipelining-support” in both “Require” and “Proxy-Require” headers for the PLAY request and for all but the first SETUP request. This will lead RTSP 1.0 compliant servers or proxies without support for this feature to respond with a 551 (Option not Supported) error rather than initiating unwanted sessions.

It is not necessary to include a Require header in the initial SETUP. In this case, if the server does not support initiation pipelining it will initiate a session in response to the first SETUP request. When the client receives a 551 (Option not Supported) error on the subsequent messages, it may then continue to initiate playback on this session via standard RTSP 1.0.
In case a client encounters a non-compliant server that does not honor the Require header, it should TEARDOWN all excess sessions created and begin standard RTSP 1.0 session initiation. The client can detect this situation upon receipt of the second SETUP response, if the response bears a new Session-ID. In case of a single SETUP request, the client can detect  the lack of support for the Require header upon receipt of a 455 (Method Not Valid in this State) PLAY response and may continue to initiate the session created.
5 Operation
5.1 Successful Initiation
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Example:

C->S:
SETUP rtsp://server.com/file.3gp/streamid=10 RTSP/1.0

CSeq: 1

Session-Initiation-ID: 1001

Transport: RTP/AVP;unicast;client_port=6970-6971,RTP/AVP/TCP;unicast

SETUP rtsp://server.com/file.3gp/streamid=20 RTSP/1.0

CSeq: 2

Session-Initiation-ID: 1001

Transport: RTP/AVP;unicast;client_port=6972-6973,RTP/AVP/TCP;unicast

Require: initiation-pipelining-support

Proxy-Require: initiation-pipelining-support

PLAY rtsp://server.com/file.3gp RTSP/1.0

CSeq: 3

Session-Initiation-ID: 1001

Range: npt=0-

Require: initiation-pipelining-support

Proxy-Require: initiation-pipelining-support

S->C:

RTSP/1.0 200 OK

CSeq: 1

Session: 13158808-1

Transport: RTP/AVP;unicast;client_port=6970-6971;server_port=25400-25401
RTSP/1.0 200 OK

CSeq: 2

Session: 13158808-1

Transport: RTP/AVP;unicast;client_port=6972-6973;server_port=25402-25403
RTSP/1.0 200 OK

CSeq: 3

Session: 13158808-1;timeout=80

RTP-Info: url=rtsp://server.com/file.3gp/streamid=10;seq=0;rtptime=0;ssrc=1001,

          url=rtsp://server.com/file.3gp/streamid=20;seq=0;rtptime=0;ssrc=2001

Range: npt=0-1500.0000

[ media data ]

5.2 Legacy Server Interoperability
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Example:

C->S:
SETUP rtsp://server.com/file.3gp/streamid=10 RTSP/1.0

CSeq: 1

Session-Initiation-ID: 1001

Transport: RTP/AVP;unicast;client_port=6970-6971,RTP/AVP/TCP;unicast

SETUP rtsp://server.com/file.3gp/streamid=20 RTSP/1.0

CSeq: 2

Session-Initiation-ID: 1001

Transport: RTP/AVP;unicast;client_port=6972-6973,RTP/AVP/TCP;unicast

Require: initiation-pipelining-support

Proxy-Require: initiation-pipelining-support

PLAY rtsp://server.com/file.3gp RTSP/1.0

CSeq: 3

Session-Initiation-ID: 1001

Range: npt=0-

Require: initiation-pipelining-support

Proxy-Require: initiation-pipelining-support

S->C:

RTSP/1.0 200 OK

CSeq: 1

Session: 13158808-1

Transport: RTP/AVP;unicast;client_port=6970-6971;server_port=25400-25401
RTSP/1.0 551 Option Not Supported

CSeq: 2

RTSP/1.0 551 Option Not Supported

CSeq: 3

C->S:
SETUP rtsp://server.com/file.3gp/streamid=20 RTSP/1.0

CSeq: 4

Session: 13158808-1

Transport: RTP/AVP;unicast;client_port=6972-6973,RTP/AVP/TCP;unicast

PLAY rtsp://server.com/file.3gp RTSP/1.0

CSeq: 5

Session: 13158808-1

Range: npt=0-

S->C:

RTSP/1.0 200 OK

CSeq: 4

Session: 13158808-1

Transport: RTP/AVP;unicast;client_port=6972-6973;server_port=25402-25403
RTSP/1.0 200 OK

CSeq: 5

Session: 13158808-1;timeout=80

RTP-Info: url=rtsp://server.com/file.3gp/streamid=10;seq=0;rtptime=0;ssrc=1001,

          url=rtsp://server.com/file.3gp/streamid=20;seq=0;rtptime=0;ssrc=2001
Range: npt=0-1500.0000

6 Recommendation

6.1 Adopt RTSP pipelining as one solution for fast channel startup and switching 

6.2 Allow RTSP pipelining to be defined in IETF MMUSIC, and back port to RTSP 1.0 as needed.
There is current activity within the IETF MMUSIC working group to add session-initiation pipelining to the RTSP 2.0 draft.  It is therefore recommended to use with RTSP 1.0 the same solution adopted by MMUSIC.  Unfortunately PSSe has the working assumption that it will be as backward compatible as possible, and has to this point, rejected the inclusion of RTSP 2.0 into Rel 7 PSSe work.  

SA4 should allow IETF to define the mechanism, but we should encourage them to design this with interoperability with RTSP 1.0 in mind.   If MMUSIC fails to account for usage of pipelining in RTSP 1.0, it will be necessary for SA4 PSM to define the backward compatibility mechanism.
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