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1 Introduction
This document presents details of the solution path proposed in SA-060605.  It includes methods for channel startup with two round trips, channel switching with one round trip, and channel switching with two round trips.

2 Discussion

2.1 Pipelining of RTSP conversations

It is proposed here that all SETUPs and PLAY requests be pipelined.  Release 6 channel startup requires four round trips for a client to start receiving data packets because of number of methods involved.  If they are pipelined this way, two round trips start up can be achieved.

Aggregate-Transport: header and SSRC multiplexing

Aggregate-Transport header is introduced to support multiplexing audio and video streams in a single RTP/RTCP port pair.  Audio and video streams will use different SSRC and is sufficient to handle demultiplexing at a terminal.  Since the number of port pairs is always one, there is no need to know how many streams and ports are involved for a session.

Supported: aggregate-transport,method.3gpp_quick_start

This header indicates support for the new methods.

Example RTSP conversation

C->S:

DESCRIBE rtsp://server.com/file1.3gp RTSP/1.0

CSeq: 1

Accept: application/sdp

Supported: aggregate-transport,method.3gpp_quick_start

Bandwidth: 1000000

Aggregate-Transport: RTP/AVP;unicast;client_port=6970-6971;mode=play,

                     RTP/SAVP;unicast;mode=play

S->C:

RTSP/1.0 200 OK

CSeq: 2

Session: 13158808-1;timeout=80

Content-type: application/sdp

Content-length: 1503

Aggregate-Transport: RTP/AVP;unicast;client_port=6970-6971;server_port=25400-25401;mode=play

Supported: aggregate-transport,method.3gpp_quick_start

[SDP]

C->S:

SETUP rtsp://server.com/file1.3gp/streamid=0 RTSP/1.0

CSeq: 2

Session: 13158808-1;timeout=80

Transport: RTP/AVP;unicast;client_port=6970-6971;mode=play

3gpp-adaptation: url="rtsp://server.com/file1.3gp/streamid=0";size=400000;target-time=1000

SETUP rtsp://server.com/file1.3gp/streamid=1 RTSP/1.0

CSeq: 3

Session: 13158808-1;timeout=80

Transport: RTP/AVP;unicast;client_port=6970-6971;mode=play

3gpp-adaptation: url="rtsp://server.com/file1.3gp/streamid=1";size=100000;target-time=1000

PLAY rtsp://server.com/file1.3gp RTSP/1.0

CSeq: 4

Session: 13158808-1;timeout=80

Range: npt=0-

S->C:

RTSP/1.0 200 OK

CSeq: 2

Session: 13158808-1;timeout=80

Transport: RTP/AVP;unicast;client_port=6970-6971;server_port=25400-25401;mode=play

3gpp-adaptation: url="rtsp://server.com/file1.3gp/streamid=0";size=400000;target-time=1000

RTSP/1.0 200 OK

CSeq: 3

Session: 13158808-1;timeout=80

Transport: RTP/AVP;unicast;client_port=6970-6971;server_port=25400-25401;mode=play

3gpp-adaptation: url="rtsp://server.com/file1.3gp/streamid=1";size=100000;target-time=1000

RTSP/1.0 200 OK

CSeq: 4

Session: 13158808-1;timeout=80

RTP-Info: url=rtsp://server.com/file1.3gp/streamid=0;seq=0;rtptime=0;ssrc=1000,

          url=rtsp://server.com/file1.3gp/streamid=1;seq=0;rtptime=0;ssrc=2000

Range: npt=0-

[media data]

2.2 Explicitly signal the channel change in the RTSP conversation to avoid channel teardown/setup

Stream switching will be performed with one round trip when possible by the following method.

A new RTSP method 3GPP_QUICK_START is introduced (the exact name is TBD).  This method essentially replaces TEARDOWN/DESCRIBE/SETUP/SETUP/PLAY.  When the new method is used to switch a channel, a client assumes that it is possible to reuse the existing ports.  When a request is successful, a server replies with a new SDP file that may contain various attributes that can be used to update certain parameters such as 3GPP-Asset-Information as well as media data.  

This method can include optional Aggregate-Transport header if it wishes to renegotiate transport parameters.  If it is provided and parameters are the same, it simply reuses the same port.

Headers that would normally be carried in either TEARDWON, SETUP or PLAY (e.g. 3gpp-adaptation) may be included with this method.

Reuse-Session header

This header indicates that the session specified is to be stopped but network resources associated with it (sockets) are to be reused for the newly created session if possible. The intention of the proposal is to reuse ports, and the server may choose whether to reuse or reallocate certain other resources.

Example – One Roundtrip

C->S:

3GPP_QUICK_START rtsp://server.com/file2.3gp RTSP/1.0

CSeq: 21

Reuse-Session: 13158808-1

Accept: application/sdp

Aggregate-Transport: RTP/AVP;unicast;client_port=6970-6971;mode=play,

3gpp-adaptation: url="rtsp://server.com/file2.3gp";size=500000;target-time=1000

Range: npt=0-

S->C: 

RTSP/1.0 200 OK

CSeq: 21

Session: 13158808-2

Content-type: application/sdp

Aggregate-Transport: RTP/AVP;unicast;client_port=6970-6971;server_port=25400-25401

3gpp-adaptation: url="rtsp://server.com/file2.3gp/streamid=0";size=300000;target-time=1000,

                            url="rtsp://server.com/file2.3gp/streamid=1";size=200000;target-time=1000

RTP-Info: url=rtsp://server.com/file2.3gp/streamid=0;seq=0;rtptime=0;ssrc=1001,

                url=rtsp://server.com/file2.3gp/streamid=1;seq=0;rtptime=0;ssrc=2001

Range: npt=0-

[SDP]

[ media data ]

Example – Two Roundtrips

It is also possible that a server decides that it cannot begin playback immediately upon receipt of a 3GPP_QUICK_START request for a new channel.  There are two cases that that may be the case:

1. A server decides further client input is required to process the request.  This may be true when a new channel contains a few language choices and the server is not able to determine which to select.

2. The transport parameters must be changed in order to stream the newly requested channel.

When this is the case, 3GPP_QUICK_START behaves semantically the same as TEARDOWN/DESCRIBE.  It returns 202 to indicate the need for SETUP/SETUP/PLAY along with a new SDP file.  

C->S:

3GPP_QUICK_START rtsp://server.com/file2.rm RTSP/1.0

CSeq: 21

Reuse-Session: 13158808-1

Accept: application/sdp

Bandwidth: 1000000

Aggregate-Transport: RTP/AVP;unicast;client_port=6970-6971;mode=play,

                                   RTP/SAVP;unicast;client_port=6970-6971;mode=play

3gpp-adaptation: url="rtsp://server.com/file.3gp";size=500000;target-time=1000

Range: npt=0-

S->C:

RTSP/1.0 202 Accepted

CSeq: 21

Session: 13158808-2

Content-type: application/sdp

Content-length: 1503

Aggregate-Transport: RTP/SAVP;unicast;client_port=6970-6971;server_port=25402-25403;mode=play

[SDP]

C->S:

SETUP rtsp://server.com/file2.3gp/streamid=0 RTSP/1.0

CSeq: 22

Session: 13158808-1

Transport: RTP/SAVP;unicast;client_port=6970-6971;mode=play

3gpp-adaptation: url="rtsp://server.com/file2.3gp/streamid=0";size=400000;target-time=1000

SETUP rtsp://server.com/file2.3gp/streamid=1 RTSP/1.0

CSeq: 23

Session: 13158808-1

Transport: RTP/SAVP;unicast;client_port=6970-6971;mode=play

3gpp-adaptation: url="rtsp://server.com/file2.egp/streamid=1";size=100000;target-time=1000

PLAY rtsp://server.com/file2.3gp RTSP/1.0

CSeq: 24

Session: 13158808-1

Range: npt=0-

S->C:

RTSP/1.0 200 OK

CSeq: 22

Session: 13158808-1;timeout=80

Transport: RTP/SAVP;unicast;client_port=6970-6971;server_port=25402-25403;mode=play

3gpp-adaptation: url="rtsp://server.com/file2.3gp/streamid=0";size=400000;target-time=1000

RTSP/1.0 200 OK

CSeq: 23

Session: 13158808-1;timeout=80

Transport: RTP/SAVP;unicast;client_port=6970-6971;server_port=25402-25403;mode=play

3gpp-adaptation: url="rtsp://server.com/file2.3gp/streamid=1";size=100000;target-time=1000

RTSP/1.0 200 OK

CSeq: 24

Session: 13158808-1;timeout=80

RTP-Info: url=rtsp://server.com/file2.3gp/streamid=0;seq=0;rtptime=0;ssrc=1001,

          url=rtsp://server.com/file2.3gp/streamid=1;seq=0;rtptime=0;ssrc=2001

Range: npt=0-1500.0000

[media data]

Page 1 of 4

