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1 Introduction

During last SA4 meetings, we have discussed the FLUTE session set-up using RTSP, although it was already PSM agreed earlier. Therefore we present here again the advantages of using RTSP signalling for the FLUTE session set-up in particular for Mobile TV applications.

1.1 Mobile TV using PSS (Delivery Scenario 3 from S4-060326)
There are a number of PSS based Mobile TV services launched today. Main reason here is, that broadcast network extensions are not possible to deploy. Broadcast network extensions are only needed for highly used services.

Today, Mobile TV services using broadcast network extensions like MBMS, DVB-H or other are widely discussed. It is clear, that these broadcast extensions don’t need to cover 100% of a country. Broadcast capacity is only needed in urban areas or other densely populated areas. But mobile users expect an 100% service coverage. A mobile service shall work anywhere and at anytime.
Market Research reports foresee high revenues for Interactive Mobile TV services such as voting or ring-tone offerings. The OMA BCAST Mobile Broadcast Enablers offers “Interactivity Media Objects” as an interactivity enabler. The idea of “Interactivity Media Objects” is that the reception of such a file triggers the terminal to add the Interactive Service Offering to the GUI. The type of interactivity and also the feedback description is contained in the Interactivity Media Objects. 
Interactivity Media Objects are delivered using FLUTE in-band with the audio and video data of Mobile TV services. In case of MBMS as the BCAST Broadcast Delivery System (BDS), the mobile terminal has activated the reception of MBMS Streaming for the audio video content and MBMS Download for the interactivity. Interactivity Media Objects are delivered in-frequently and trigger the terminal to render the interactive service offering. 
1.2 Discussion of Interactivity Delivery

Since the interactivity belongs to the Mobile TV service, these Interactivity Media Objects must be delivered also in unicast Mobile TV offerings. OMA BCAST allows HTTP and FLUTE for unicast Interactivity Media Object delivery. Please note that the BCAST service enabler is still under consistency review. Both methods seem underspecified in BCAST.
If HTTP is used for interactivity delivery in Mobile TV services, the interactivity server (e.g. BM-SC) must provide two separate streams (a FLUTE for broadcast and an HTTP for unicast retrival). Interactivity Media Objects are accompanied by one or more further documents like an SMS template or XHTML documents. The Interactivity Media Object itself does not include rendering information; it just describes the sequence and timings of the document. This means, that the server must create a Multipart Mime structure to push the Interactivity Media Objects to the terminal. 
Further, OMA BCAST does not define a HTTP PUSH mechanism for unicast file delivery. Therefore, clients need to poll the server frequently for updates. This will certainly increase the network load and decrease the synchronization between Interactive Service (e.g. Ring Tone Offering) and the actual content (e.g. showing the video clip).  
Thus, in case HTTP is used terminals and servers must implement two different ways for file delivery and reception. In case the actual broadcast technology such as MBMS or DVB-H does not coverage the complete service coverage, the terminal and the server must support broadcast and unicast reception of files. 
If FLUTE is used for interactivity delivery in Mobile TV services, the interactivity server (e.g. BM-SC) can re-use the same interactivity media object stream. There is no need to touch the payload of the UDP packets. The file partitioning and the FLUTE FDT construction are identical for the unicast and the broadcast case. 

Accordingly, the terminal does not need to offer different reception engines for broadcast and for unicast file reception. The only difference is the establishment of the UDP/IP session. In case of MBMS reception, the UE gets the IP Multicast address and the ports from the SDP file. In case of unicast and PSS, the UE needs to establish the FLUTE and RTP sessions using the RTSP control signalling. 

1.3 Proposal
Due to the above described issues, we propose to fully specify the FLUTE session set-up using RTSP control signalling. Using FLUTE instead of HTTP for the interactive media object delivery in case of Mobile TV service offerings has the clear advantage, that the server can “simply” re-use the payload of the UDP packets, thus does not need to create multipart mime messages. 

The advantage of this procedure for the terminals is a reduced complexity. Terminals can use the same reception and processing functionality for unicast and broadcast reception of interactivity documents. 
2 Example signalling
A signalling sequence is described in the following. A PSS session is established using RTSP. The PSS session also contains a FLUTE flow.

2.1 RTSP DESCRIBE method

     C->S: DESCRIBE rtsp://example.com:554/3gpp.sdp RTSP/1.0

           CSeq: 1

           Accept: application/sdp

     S->C: RTSP/1.0 200 OK

           Content-Length: xyz
           Content-Base: rtsp://example.com:554/3gpp.sdp/

           CSeq: 1

           Date: Tue, 09 May 2006 07:34:54 GMT

           Content-Type: application/sdp

           v=0

           o=3GPP 65536 0 IN IP4 126.16.64.4
           s=SDP Seminar
           c=IN IP4 0.0.0.0

           t=0 0

           b=AS:96

           a=control:*

           a=source-filter: incl IN IP4 * 126.16.64.4
           m=video 0 RTP/AVP 96

           a=control:videotrack

           b=AS:84

           a=rtpmap:96 MP4V-ES/90000

           a=fmtp:96 profile-level-
           id=9;config=000001B009000001B509000001000000012000844006682C2090A21F

           m=audio 0 RTP/AVP 97

           a=control:audiotrack

           b=AS:12

           a=rtpmap:97 AMR/8000/1

           a=fmtp:97 octet-align=1

           m=application 0 FLUTE/UDP 0

           a=control:flutetrack

           a=FEC-declaration:0 encoding-id=1

           a=flute-tsi:3
The RTSP describe returns the sdp data for the session. This sdp data contains FLUTE specific attributes as defined in 26.346, according RFCs and Internet-drafts.
2.2 RTSP SETUP method

    C->S: SETUP rtsp://example.com:554/3gpp.sdp/audiotrack RTSP/1.0

          CSeq: 2

          Transport: RTP/AVP/UDP;unicast;client_port=3456-3457

    S->C: RTSP/1.0 200 OK

          Date: Tue, 09 May 2006 07:34:54 GMT

          Session: ad12a40a7f949d4090a20aa23a03c35d

          CSeq: 2

          Transport: RTP/AVP/UDP;unicast;destination=80.187.83.228;client_port=3456-3457;server_port=12012-12013

    C->S: SETUP rtsp://example.com:554/3gpp.sdp/videotrack RTSP/1.0

          CSeq: 3

          Transport: RTP/AVP/UDP;unicast;client_port=3458-3459

          Session: ad12a40a7f949d4090a20aa23a03c35d

    S->C: RTSP/1.0 200 OK

          Date: Tue, 09 May 2006 07:34:54 GMT

          Session: ad12a40a7f949d4090a20aa23a03c35d

          CSeq: 3

          Transport: RTP/AVP/UDP;unicast;destination=80.187.83.228;client_port=3458-3459;server_port=12010-12011

    C->S: SETUP rtsp://example.com:554/3gpp.sdp/flutetrack RTSP/1.0

          CSeq: 3

          Transport: FLUTE/UDP;unicast;client_port=3460

          Session: ad12a40a7f949d4090a20aa23a03c35d

    S->C: RTSP/1.0 200 OK

          Date: Tue, 09 May 2006 07:34:54 GMT

          Session: ad12a40a7f949d4090a20aa23a03c35d

          CSeq: 3

          Transport: FLUTE/UDP;unicast;destination=80.187.83.228;client_port=3460;server_port=12012
2.3 RTSP PLAY method

The RTSP Play method is used to request the server to start forwarding also FLUTE packets. Note, there is no FLUTE specific addition in the PLAY or PAUSE method.
     C->S: PLAY rtsp://example:554/3gpp.sdp/ RTSP/1.0

           CSeq: 4

           Range: npt=now-

           Session: ad12a40a7f949d4090a20aa23a03c35d

     C->S: RTSP/1.0 200 OK

           RTP-Info: url=rtsp://example:554/3gpp.sdp/audiotrack;seq=0;rtptime=1000000,url=rtsp://example:554/3gpp.sdp/videotrack;seq=0;rtptime=1000000

           Range: npt=now-

           Session: ad12a40a7f949d4090a20aa23a03c35d

           CSeq: 4

           Date: Tue, 09 May 2006 07:34:55 GMT
3 Proposal
Note, that this definition should also occur in IETF. 
We propose to extend PSS with the possibility to establish also FLUTE sessions. This means in particular to define an RTSP transport header transport protocol specifier for FLUTE. The RTSP transport request header for FLUTE shall be FLUTE/UDP. MBMS only allows on FLUTE channel. Therefore only one port is allocated on the UE and the BM-SC side for the FLUTE session.  

It is further proposed to add a definition for the RTSP PLAY and PAUSE methods for FLUTE over unicast. The server shall start forwarding MBMS data on the RTSP session in case the PLAY method is received and pause the forwarding if the RTSP PAUSE method is received.

Details for the proposal are described in 
http://ietfreport.isoc.org/idref/draft-lohmar-mmusic-rtsp-flute/







































