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Introduction

The TISPAN WG3 cordially requests 3GPP CT1 to consider a new scenario for support of a SIP INVITE without an SDP offer for a new IPTV Content on Demand related procedure.

Description

During a TISPAN WG3 IPTV rapporteurs meeting on Working Item 03127 two contributions were raised indicating compliance issues with 3GPP TS 24.229. The IPTV contributions raising the question are WG3IPTV17 and WG3IPTV24.

The text in question is in sub clause 6.1.2 of 3GPP TS 24.229 which specifies that the initial INVITE MUST contain an SDP offer, with at least one media description.

“An INVITE request generated by a UE shall contain a SDP offer and at least one media description. The SDP offer shall reflect the calling user's terminal capabilities and user preferences for the session.”

The IPTV procedure that proposes an empty SDP in the SIP INVITE relates to Content on Demand (CoD) service, when an end user requests to watch Content on Demand. The reason for sending an INVITE without an SDP is when the codec and transport information relating to the content  are not available in the UE so the SDP offer needs to be populated in the IPTV Application Server (the IPTV AS is called SCF/MCF in TISPAN).
The UE is not able to include a default list of codecs due to the lack of knowledge on the number of video or audio m-lines that may be needed to watch a content on demand. The content may be streamed in multiple formats (which correspond to different m-lines), this provides a scaleable means of watching content.

Flows can be streaming directly over RTP or UDP in mpeg2-ts(transport stream) which the UE does not have previous knowledge consequently the UE cannot make the appropriate SDP offer.
Below is a copy of the related clauses 5.4.1.1.1.2 (MCF as SDP offerer) and 5.1.4.1.1.2 (UE as SDP answerer) from the latest draft of TS 183 063 (WI 3127).

******

5.4.1.1.1.2
MCF as SDP offerer

If the MCF does not receive an SDP offer in the Session Initiation Request, it shall answer with an SDP offer included in a SIP 183 Session Progress.

This offer shall contain a media line for the content control RTSP channel and one or more media lines for the content delivery channels 

The SDP parameters for the RTSP channel shall be set as follows:-

·  a 'm' line for an RTSP stream of format:    m=<media> <port> <transport> <fmt> 

· The media field shall have a value of "application".

· If the port field indicates a TCP port, it shall be setup according to RFC 4145.  The 'setup' attribute shall be  set   to 'passive' indicating that connection shall be initiated by the other endpoint (UE) . 

· If RTSP is over TCP, the transport field shall be set to  TCP or TCP/TLS.  The former is used  when RTSP runs directly on top of TCP and the latter is used when RTSP runs on top of TLS, which in turn runs on top of TCP.

Editors Note: The SDP offers assume RTSP established over TCP. RTSP /UDP related case to be handled.

· The fmt parameter shall be set to iptv_ rtsp
(ex. m=application 554 tcp iptv_rtsp)

· If RTSP is over TCP , an "a=setup" attribute shall be present and set as “passive” as defined in RFC 4145

(ex. a=setup:passive)

· If RTSP is over TCP, an "a= connection" attribute shall be present and set as “new” as defined in RFC 4145

(ex. a=connection:new)

· One or more a=fmtp lines representing RTSP specific attributes set as follows

· Optionally, the RTSP Version in a "fmtp:iptv_rtsp version" parameter.

· a "fmtp:iptv_rtsp h-session" attribute representing the session-id of the RTSP session to be created.

· . a "fmtp:iptv_rtsp h-uri" attribute shall be set to the RTSP URL to be used in the RTSP requests The h-uri can be in form of absolute or relative URI. If absolute URI is specified then it is used as-is in subsequent RTSP requests. If relative URI is specified in form of a media path, then the RTSP absolute URL is constructed by the UE using the IPAddress (from c-line) and port (from m-line) as the base followed by h-uri value for the media path.

· (a=fmtp:rtsp h-uri=<request-uri>).

· Optionally a “fmtp:iptv_rtsp h-offset” attribute shall indicate where the playback is to start from.
(ex. a=fmtp:iptv_rtsp h-offset: <media-offset>)

Editors Note: the usage of offset need to be clarified and how the offset is gotten by MCF.

Editors Note: Contributions invited clarifying the use of RTSP version. Additionally, contributions invited to discuss how to handle version mismatch when no version information is specified

Editors Note: Contributions mapping various RTSP parameters/header values to SDP are sought. The need for any other necessary RTSP header fields in the form of a  "fmtp:rtsp h-*" parameter are to be discussed.

For each media stream controlled by the RTSP control channel, SDP offer shall be set as follows: 

-
the "m=" line indicates the type of the media, the transport protocol and the port of the related content delivery channel

-
the "c=" line shall include the network type with the value set to IN, the address type set to IP4 or IP6 and unicast address of the flow related to the content delivery channel

(ex. c=IN IP4 <IP_ADDRESS>)
 

-
an "a=" line with a "sendonly" 

(ex. a=sendonly)
5.1.4.1.1.2
UE as SDP answerer

If no SDP Offer is sent by the UE and the UE receives a 183 Session Progress containing an SDP offer with 100rel requirement, it shall answer with a SIP PRACK containing the corresponding SDP answer that reflects the media capabilities and policies as available for the COD session.
This SDP answer shall contain a media line for the RTSP channel and one or more media lines for the content delivery channels 

The SDP parameters for the RTSP channel shall be set as follows:-

·  a 'm' line for an RTSP stream of format:    m=<media> <port> <transport> <fmt> 

· The media field shall have a value of "application".

· If the port field indicates a TCP port, it shall be setup according to RFC 4145.. The "a=setup" attribute shall be set to ‘active’ and the port field shall be set to a value of 9, which is the discard  port. 

· If RTSP is over TCP, the transport field shall be set to  TCP/ or TCP/TLS.  The former is used  when RTSP runs directly on top of TCP and the latter is used when RTSP runs on top of TLS, which in turn runs on top of TCP.

Editors Note: The SDP offers assume RTSP established over TCP. RTSP /UDP related case to be handled.

· The fmt parameter shall be included and set to iptv_rtsp
(ex. m=application 9 tcp iptv_rtsp)

· If RTSP is over TCP , an "a=setup" attribute shall be present and set as to “active” as defined in RFC 4145

(ex. a=setup:active)

· If RTSP is over TCP, an "a= connection" attribute shall be present and set as defined and set to “new” as in RFC 4145

(ex. a=connection:new)

· One or more a=fmtp line representing RTSP specific attributes set as follows:

· If present. the RTSP Version in a "fmtp:iptv_rtsp version" parameter shall be set to the "fmtp:iptv_rtsp version" parameter  received in the offer

· a "fmtp:iptv_rtsp h-session" attribute shall be set to the session-id of the RTSP session as received in the offer

Editors Note: Contributions invited clarifying the use of RTSP version. Additionally, contributions invited to discuss how to handle version mismatch when no version information is specified

Editors Note: Contributions mapping various RTSP parameters/header values to SDP are sought. The need for any other necessary RTSP header fields in the form of a  "fmtp:iptv_rtsp h-*" parameter are to be discussed.

For each media stream controlled by the RTSP media stream, SDP offer shall be set as follows: 

-
the "m=" line indicates the type of the media, the transport protocol and the port of the related content delivery channel

-
the "c=" line shall include the network type with the value set to IN, the address type set to IP4 or IP6 and unicast address of the flow related to the content delivery channel

(ex. c=IN IP4 <IP_ADDRESS>)

-
an "a=" line with a "recvonly" .

(ex. a=recvonly)

When receiving any SIP response containing SDP, the UE shall examine the media parameters in the received SDP: the UE shall fetch the RTSP session ID from the "fmtp:iptv_rtsp h-session" attribute received in the SDP answer contained in the SIP response. This RTSP session ID shall be used for in RTSP media control messages. If fmtp:iptv_rtsp h-offset is specified in the SDP from MCF, the UE may use this as appropriate in subsequent RTSP media control messages.

******

Questions

TISPAN WG3 kindly requests a 3GPP CT1 opinion on how to support the described scenario, i.e. whether a change to the 24.229 could be made allowing the UE sending of an empty SDP offer or whether CT1 sees an alternative way to support this scenario that would allow TISPAN IPTV compliance to the 3GPP IMS.
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