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FIRST CHANGE

2
References

The following documents contain provisions which, through reference in this text, constitute provisions of the present document.

· References are either specific (identified by date of publication, edition number, version number, etc.) or non‑specific.

· For a specific reference, subsequent revisions do not apply.

· For a non-specific reference, the latest version applies. In the case of a reference to a 3GPP document (including a GSM document), a non-specific reference implicitly refers to the latest version of that document in the same Release as the present document.
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3GPP TR 21.905: "Vocabulary for 3GPP Specifications".
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3GPP TS 22.146: "Multimedia Broadcast/Multicast Service; Stage 1".
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3GPP TS 22.246: "Multimedia Broadcast/Multicast Service (MBMS) user services; Stage 1".

[4]
3GPP TS 23.246: "Multimedia Broadcast/Multicast Service (MBMS); Architecture and functional description".

[5]
3GPP TS 33.246: "3G Security; Security of Multimedia Broadcast/Multicast Service (MBMS)".

[6]
3GPP TS 23.228: "IP multimedia subsystem; Stage 2".

[7]
3GPP TS 24.229: “”IP multimedia call control protocol based on Session Initiation Protocol (SIP) and Session Description Protocol (SDP); Stage 3”

[8]
3GPP TS 26.234: "Transparent end-to-end streaming service; Protocols and codecs".

[9]
3GPP TS 22.233: "Transparent End-to-End Packet-switched Streaming Service; Stage 1".

[10]
3GPP TS 26.233: "Transparent end-to-end packet switched streaming service (PSS); General description".

[11]
3GPP TS 26.346: "Multimedia Broadcast/Multicast Service (MBMS); Protocols and codecs".

[12]
3GPP TS 23.203: "Policy and charging control architecture".
[13]
RFC 4145 (September 2005): "TCP-Based Media Transport in the Session Description Protocol (SDP)".
[14]
RFC4572 (July 2006) Connection-Oriented Media Transport over the Transport Layer Security (TLS) Protocol in the Session Description Protocol (SDP)
[15]
IETF draft (May 2008) Media Playback Control Protocol Requirements draft-whitehead-mmusic-sip-for-streaming-media-05
Editor’s note: this clause is incomplete. These items should be maintained by the editor and finally reviewed for consistency before approval of the specification.
SECOND CHANGE

5.5
Streaming session initiation

5.5.1
General

The client shall use SIP to initiate and control PSS streaming sessions. Once a PSS streaming session is established, the client shall use PSS (RTSP) protocols to perform media control.

5.5.2
IMS communication service identifier
URN used to define the ICSI for the IMS PSS and MBMS Streaming User Service: 
urn:urn-xxx:3gpp-service.ims.streaming.
Note:  The URN should be registered at http://www.3gpp.org/tb/Other/URN/URN.htm.

Summary of the URN: This URN indicates that the device supports the IMS PSS and MBMS streaming User Service as defined by the present specification.

5.5.3

Media codecs and formats
PSS Media codecs and formats defined in TS 26.234 [8] are applicable to this specification for IMS initiated and controlled PSS services.
5.5.4
PSS Streaming Session initiation
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Figure 1 IMS PSS initiation
NOTE: This sequence is simplified and does not e.g. show session progress messages and the ACK message from the UE in response to the reception of 200 OK

The UE shall generate an initial INVITE request:

· The Request-URI is related to the PSS session that the user wants to activate. It shall be composed of a user part and a domain part, as follows:

· A user part containing the content identifier in a free string format.

· A domain part containing the content provider domain name, obtained from the SSF.

· The To header shall contain the same URI as in the Request-URI

· The From header shall indicate the public user identity of the user

· ICSI=streaming
An SDP Offer shall be included in the initial INVITE request, in accordance with media capabilities and policies available for the PSS session and with the parameters received from the SSF during service selection procedure.

The SDP offer shall contain a media description for the RTSP content control channel and one for the content delivery channel. The RTSP content control media description shall be carried by TCP. 
The SDP parameters for the RTSP content control 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".
· The port field shall be set to a value of 9, which is the discard port. See RFC 4145 [13] and RFC4572 [14].

· 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.
· The <fmt> parameter shall be included and shall be set to 3gpp_rtsp.
Editor’s note: the 3gpp_rtsp application format should have a new MIME subtype registered if there is no appropriate registered MIME subtype.
· An "a=setup" attribute shall be present and set to "active" indicating that the UE will initiate an outgoing TCP connection to the PSS Server [7][13].
· An "a=connection" attribute shall be present and set as "new" indicating that the UE will establish a new outgoing TCP connection towards the PSS Server [7][13].
· 
· a "c" line shall include the network type with the value set to IN, the address type set to IP4 or IP6 and IP address of the flow of the related RTSP content control (ex. c=IN IP4 <IP_ADDRESS>).

Example of RTSP ‘m’ line offer from the UE:
           m=application 9 TCP 3gpp_rtsp
           c=IN IP4 192.0.2.2

           a=setup:active
           a=connection:new

The 3gpp_rtsp application defines a set of RTSP parameters. An RTSP parameter is included in "a=fmtp" line of the SDP and is expressed in the form of parameter=value.

           a=fmtp:3gpp_rtsp <parameter name>=<value>

The "version" parameter sets the "version-number" representing the version of RTSP that will be used in the RTSP media stream.  The version number shall be "1.0" in this version of the specification. The RTSP version shall be included in all SDP offers and answers.  The same version shall be used by all entities.
           a=fmtp:3gpp_rtsp version=<version-number>

To exchange RTSP header fields within the SIP offer/answer, the RTSP media stream allows for attributes with the following format:

           a=fmtp:3gpp_rtsp h-<header-name>=<header-value>,
where "header-name" is the name of the RTSP header field being described and "header-value" is the value of the RTSP header field. The value of the header-name is case insensitive.  The value of the header-value is interpreted according to the rules of RTSP. The list of authorized headers in the SIP offer/answer is as follows:

· session: this is the RTSP session id as established by the PSS adapter to be used for further RTSP transactions.

· uri: this is the RTSP URI to be used in further RTSP transactions
· offset: this is a range value to be used in the first PLAY request by the UE.
·  “Supported” header filed with the following feature tags (see [8])
·  “3gpp-switch” feature-tag, section 5.5.4.2
· “3gpp-switch-req-sdp” feature-tag, section 5.5.4.3
· “3gpp-switch-stream” feature-tag, section 5.5.4.4
· Require (see [8])
· Pipelined-Requests (see [8])
· 3GPP-Adaptation (see [8])
UE, PSS Servers and PSS adapters shall support all these headers and feature tags.
The SCF receives the SIP INVITE with the SDP offer from the UE. After Service/Subscription control, and based on the Request-URI, the SCF forwards the invite to the selected PSS Adapter. The PSS Adapter establishes the RTSP session with the PSS server. Once the session is established, the media components are setup based on the SDP description. 

The PSS Adapter shall support the following RTSP methods for PSS Server session establishment and teardown control:

· DESCRIBE (PSS Adapter to PSS Server).
· SETUP (PSS Adapter to PSS Server).
The PSS Adapter responds to the SIP INVITE with  a SIP 200 OK and the final SDP. The SDP shall describe the established RTSP session (h-session, h-uri, h-offset) and the TCP connection.
Example of RTSP ‘m’ line answer from the PSS Adapter:

           m=application 554 TCP 3gpp_rtsp

           c=IN IP4 192.0.2.1

           a=setup:passive

           a=connection:new
For each media stream controlled by the RTSP content control channel the SDP offer shall include a content delivery channel media description set as defined in TS 26.234 clause 5.3.3 [8].
When receiving any SIP response, the UE shall examine the media parameters in the received SDP: the UE shall immediately setup the TCP connection carrying RTSP. The UE shall fetch the RTSP session ID from the SDP answer contained in the SIP response. This RTSP session ID shall be used for RTSP media control messages. 
5.5.5
PSS Streaming Playback control

After SIP session establishment, the UE can exchange RTSP messages to start to receive media streams. The UE shall send an RTSP PLAY message to the PSS adapter according to TS 26.234 [8]. In doing so it shall use using the h-session, h-offset and h-uri attributes received in the SDP answer. 
Note that if a domain address is used in the RTSP URL the UE shall not perform DNS lookup. The IP header for the RTSP PLAY message shall be set to the IP address from the connection line ("c=") in the SDP answer and the port from the media line ("m="). This port should be then set to 554 (well known RTSP port) because from the PSS server point of view the UE and PSS Adapter should form a consistent 3GPP RTSP client. 
THIRD CHANGE


5.7
Media delivery and content switching

5.7.1
PSS content switching
The UE shall support the following RTSP methods for RTSP playback control:

· PLAY (UE to PSS Adapter).
· PAUSE (UE to PSS Adapter).
· GET_PARAMETER (UE to PSS Adapter).
· SET_PARAMETER (UE to PSS Adapter).
· OPTIONS (UE to PSS Adapter ).
The PSS Adapter shall support the proxying of these RTSP methods towards the PSS Server.
UE, PSS Server and PSS adapter shall support fast content switching as described in [8]. For fast channel switching, the UE sends a PLAY request with the aggregated control URI of the new content in the “Switch-Stream” header field to the PSS adapter (Figure 2). In case of adding new media components, additional setup request for the new components are issued (see [8], clause 5.5.4.6).
A SIP INFO Message is optional. Here, the PSS adapter informs the SCF about the new channel that is being transferred.   
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Figure 2 IMS PSS Content switching
NOTE: This sequence is simplified and does not e.g. show session progress messages and the ACK message from in response to the reception of 200 OK

In case content switching is carried out from one PSS server to another one switching authorization is carried out at the PSS adapter. 

Editor’s note: the switching from one PSS server to another is FFS. 

5.8
Streaming session termination
5.8.1
PSS Streaming session termination
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Figure 3 IMS PSS  Session termination
NOTE: This sequence is simplified and does not e.g. show session progress messages and the ACK message from the UE in response to the reception of 200 OK

Assuming the streaming session is established, the session can be terminated by the UE or the SCF. Figure 3 describes the case of UE termination. In this case the UE closes the TCP connection carrying RTSP. Then it sends a SIP BYE to the SCF. The SCF forwards the SIP BYE to the PSS Adapter which in truns closes the RTSP session with the PSS server. 
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