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4.1
1 Introduction
This document outlines Aggregate-Transport solution and its advantages for certain use cases.  
2 Solution Outline
Aggregate-Transport header is introduced to support initiation of multiplexed multiple media streams (e.g. audio and video) in a single RTP/RTCP port pair.  Audio and video streams will use different SSRCs, and it is sufficient to handle de-multiplexing at a terminal.  Since the number of port pairs is always one, there is no need to know how many ports are involved for a session at the time of channel switching.
By eliminating uncertainty in the number of ports required for a presentation, PSSe solution does not have to worry about how many ports to setup in cases where the UE does not have the SDP file in advance and/or the number of media streams in a presentation varies from channel to channel.
2.1 Example

In this example sequence, a user is watching file1.3gp with audio and video stream initially.  A single port pair for this session was negotiated using Aggregate-Transport header, and unique SSRCs for audio and video streams are communicated in RTP-Info header.  The PSSe client on a terminal uses SSRC to de-multiplex audio and video streams, applies RTP-Info, and starts playback.

Then, the user wishes to watch file2.3gp which includes a text subtitle stream.  Since a single port pair is already in use, there is no negotiation of new port pairs, and the client simply sends the port pairs currently in use.  The server also returns with the same port pair, and three new SSRCs that are different from the previous session.  (Unique SSRCs across sessions guarantee the correct identification of streams carried in the same port pair.)

Note: For the sake of simplicity, only relevant headers are included in the following conversation.

C->S:

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

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

S->C: 

RTSP/1.0 200 OK

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

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

                 url=rtsp://server.com/file2.3gp/video=1;seq=0;rtptime=0;ssrc=2000

[ SDP ]

[ Media packets ]

*** a user is viewing file1.3gp, then a user wishes to switch to file2.3gp ***
C->S:

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

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

S->C: 

RTSP/1.0 200 OK

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

RTP-Info: url=rtsp://server.com/file1.3gp/audio=0;seq=0;rtptime=0;ssrc=3000,

                 url=rtsp://server.com/file2.3gp/video=1;seq=0;rtptime=0;ssrc=4000
                 url=rtsp://server.com/file2.3gp/text=1;seq=0;rtptime=0;ssrc=5000

[ SDP ]

[ Media Packets ]

3 Discussion

3.1 3GPP_QUICK_START without an SDP
A user may wish to begin playback of or switch to a channel for which it does not yet have the SDP. Without the SDP, the client does not know the number of streams and therefore the number of ports it needs to open and make available in order to initiate streaming. 

This situation is likely in a service where pre-determined set of media offering with ESG may not be possible or the most effective method of media discovery management.  One such service of increasing popularity is a user generated content site (UGC).  Users are free to upload content to the site and media discovery is facilitated with a sophisticated search capability and targeted recommendations. Another possibility is in cases where available content may have varying number of streams – audio only, video + audio, video + audio + text. 
While it may be possible to define mechanisms other than SDP to communicate session attributes, any such method will still require either a separate round trip to communicate this information prior to initiation or ESG/client integration. It is highly desirable to not reinvent the wheel and keep SDP semantics intact rather than defining new ESG/client integration.
Without having a complete set of SDP files available locally on a terminal, a solution is required to initiate extra round trip (i.e. DESCRIBE) to obtain a new SDP file for every channel switching request without the use of a solution such as Aggregate-Transport.
3.2 Intermediate Devices (NATs)
Aggregation-Transport is also advantageous when Network Address Translators (NATs) or Application Layer Gateways (ALGs) are involved.  There are multiple techniques to address these issues including IETF RFC 3489 “Simple Traversal of User Datagram Protocol (UDP) Through Network Address Translators (NATs)” among others.  These solutions in essence require some form of explicit or implicit “negotiation” of ports with these network nodes, which requires two round trip at the time of session initiation. 

In order to minimize the impact and allow switching to occur in a single round trip once the first session has been established, we propose to re-use the existing RTP/RTCP port pairs.
Although it may be possible to assume certain number of ports for a given service (e.g. xyz media service almost always use audio and video), in the future these assumptions may not hold and we are left to exception handling and a sub optimal solution.  
As a cost and complexity of establishing a new port pair increases due to such deployment issues, a better incentive we have to reduce port negotiation overhead.  Aggregate-Transport is good way to minimize such a complication because of its simplicity.
4 Recommendation

4.1 Support Fast Channel startup/switching when the content description is not predetermined.

4.2 Support Fast Channel startup/switching when NAT and ALG traversal is required

4.3 Adopt Aggregate Transport for use in conjunction with 3GPP_QUICK_START 
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