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1. Introduction
This P-CR adds some procedures that are common to MCVideo client procedures for the various MCVideo features. Specifically, client procedures for SDP offer/answer, automatic and manual commencement modes, leaving and releasing a session are included. 
2. Reason for Change
Some client procedures which are cross referenced from existing procedures in 24.281 are missing. 
3. Proposal

It is proposed to agree the following changes to 3GPP TS 24.281v0.2.0
* * * First Change * * * *

6
Common procedures

6.1
Introduction

This clause describes the common procedures for each functional entity as specified.

6.2
MCVideo client procedures

6.2.1
SDP offer generation

The SDP offer shall contain two SDP media-level sections for MCVideo speech according to 3GPP TS 24.229 [11] and, if transmission control shall be used during the session, shall contain one SDP media-level section for a media- transmission control entity according to 3GPP TS 24.581 [5].

When composing an SDP offer according to 3GPP TS 24.229 [11] the MCVideo client:

1)
shall set the IP address of the MCVideo client for the offered MCVideo speech media stream and, if transmission control shall be used, for the offered media-transmission control entity;

NOTE:
If the MCVideo client is behind a NAT the IP address and port included in the SDP offer can be a different IP address and port than the actual IP address and port of the MCVideo client depending on the NAT traversal method used by the SIP/IP Core.

2)
shall include an "m=audio" media-level section for the MCVideo media stream consisting of:

a)
the port number for the media stream selected; and

b)
the codec(s) and media parameters and attributes with the following clarification:

i)
if the MCVideo client is initiating a call to a group identity;

ii)
if the <preferred-voice-encodings> element is present in the group document retrieved by the group management client as specified in 3GPP TS 24.481 [24] containing an <encoding> element with a "name" attribute; and

iii)
if the MCVideo client supports the encoding name indicated in the value of the "name" attribute;

then the MCVideo client:

i)
shall insert the value of the "name" attribute in the <encoding name> field of the "a=rtpmap" attribute as defined in IETF RFC 4566 [2]; and
c)
"i=" field set to "audio component of MCVideo" according to 3GPP TS 24.229 [11];
3)
shall include an "m=video" media-level section for the MCVideo media stream consisting of:

a)
the port number for the media stream selected; and

b)
the codec(s) and media parameters and attributes with the following clarification:

i)
if the MCVideo client is initiating a call to a group identity;

ii)
if the <preferred-video-encodings> element is present in the group document retrieved by the group management client as specified in 3GPP TS 24.481 [24] containing an <encoding> element with a "name" attribute; and

iii)
if the MCVideo client supports the encoding name indicated in the value of the "name" attribute;

then the MCVideo client:

i)
shall insert the value of the "name" attribute in the <encoding name> field of the "a=rtpmap" attribute as defined in IETF RFC 4566 [2]; and
c)
"i=" field set to "video component of MCVideo" according to 3GPP TS 24.229 [11];
4)
if transmission control shall be used during the session, shall include an "m=application" media-level section; and 
Editor's Note:
this media level m=line needs to be specified in 24.581, including port numbers, attributes, etc. 
5)
if end-to-end security is required for a private call, shall include the MIKEY-SAKKE I_MESSAGE in an "a=key-mgmt" attribute as a "mikey" attribute value in the SDP offer as specified in IETF RFC 4567 [xy].
6.2.2
SDP answer generation

When the MCVideo client receives an initial SDP offer for an MCVideo session, the MCVideo client shall process the SDP offer and shall compose an SDP answer according to 3GPP TS 24.229 [11].

When composing an SDP answer, the MCVideo client:

1)
shall accept the MCVideo speech media stream in the SDP offer;

2)
shall set the IP address of the MCVideo client for the accepted MCVideo speech media stream and, if included in the SDP offer, for the accepted media- transmission control entity;
NOTE:
If the MCVideo client is behind a NAT the IP address and port included in the SDP answer can be a different IP address and port than the actual IP address and port of the MCVideo client depending on the NAT traversal method used by the SIP/IP Core.

3)
shall include an "m=audio" media-level section for the accepted MCVideo speech media stream consisting of:

a)
the port number for the media stream;
b)
media-level attributes as specified in 3GPP TS 24.229 [4]; and

c)
"i=" field set to "audio component of MCVideo" according to 3GPP TS 24.229 [11]; and
4)
shall include an "m=video" media-level section for the accepted MCVideo speech media stream consisting of:

a)
the port number for the media stream;
b)
media-level attributes as specified in 3GPP TS 24.229 [11]; and

c)
"i=" field set to "video component of MCVideo" according to 3GPP TS 24.229 [11]; and
5)
if included in the SDP offer, shall include the media-level section of the offered media-transmission control. 
Editor's Note:
this media level m=line needs to be specified in 24.581, including port numbers, attributes, etc. 
6.2.3
Commencement modes

6.2.3.1
Automatic commencement mode

6.2.3.1.1
Automatic commencement mode for private calls

When performing the automatic commencement mode procedures, the MCVideo client:

1)
shall accept the SIP INVITE request and generate a SIP 200 (OK) response according to rules and procedures of 3GPP TS 24.229 [11];

2)
shall include the option tag "timer" in a Require header field of the SIP 200 (OK) response;

3)
shall include the g.3gpp.mcvideo media feature tag in the Contact header field of the SIP 200 (OK) response;

4)
shall include the g.3gpp.icsi-ref media feature tag containing the value of "urn:urn-7:3gpp-service.ims.icsi.mcvideo" in the Contact header field of the SIP 200 (OK) response;

5)
shall include the Session-Expires header field in the SIP 200 (OK) response and start the SIP session timer according to IETF RFC 4028 [23]. The "refresher" parameter in the Session-Expires header field shall be set to "uas";
6)
shall, if the incoming SIP INVITE request contains a Replaces header field, include in the SDP answer in the SIP 200 (OK) response to the SDP offer the parameters used for the pre-established session identified by the contents of the Replaces header field;
7)
shall, if the incoming SIP INVITE request does not contain a Replaces header field, include an SDP answer in the SIP 200 (OK) response to the SDP offer in the incoming SIP INVITE request according to 3GPP TS 24.229 [11] with the clarifications given in subclause 6.2.2;
NOTE:
In the case of a new emergency call where the terminating client is using a pre-established session, the SIP INVITE request containing a Replaces header is used to replace the pre-established session.
8)
shall include an application/vnd.3gpp.mcvideo-info+xml MIME body with the <mcvideo-called-party-id> element set to the MCVideo ID of the called MCVideo user, in the SIP 200 (OK) response;
9)
shall send the SIP 200 (OK) response towards the MCVideo server according to rules and procedures of 3GPP TS 24.229 [11];
10)
shall, if the incoming SIP INVITE request contains a Replaces header field, release the pre-established session identified by the contents of the Replaces header field; and
11)
shall interact with the media plane as specified in 3GPP TS 24.581 [5]. 
When NAT traversal is supported by the MCVideo client and when the MCVideo client is behind a NAT, generation of SIP responses is done as specified in this subclause and as specified in IETF RFC 5626 [xz].

6.2.3.1.2
Automatic commencement mode for group calls

When performing the automatic commencement mode procedures, the MCVideo client shall follow the procedures in subclause 6.2.3.1.1 with the following clarification:

-
The MCVideo client may include a P-Answer-State header field with the value "Confirmed" as specified in IETF RFC 4964 [30] in the SIP 200 (OK) response.

6.2.3.2
Manual commencement mode

6.2.3.2.1
Manual commencement mode for private calls

When performing the manual commencement mode procedures:

1)
if the MCVideo user declines the MCVideo session invitation the MCVideo client shall send a SIP 480 (Temporarily Unavailable) response towards the MCVideo server with the warning text set to: "110 user declined the call invitation" in a Warning header field as specified in subclause 4.4, and not continue with the rest of the steps in this subclause.
Editor's Note:
Warning headers need to be specified for MCVideo. 
The MCVideo client:

1)
shall accept the SIP INVITE request and generate a SIP 180 (Ringing) response according to rules and procedures of 3GPP TS 24.229 [11];

2)
shall include the option tag "timer" in a Require header field of the SIP 180 (Ringing) response;

3)
shall include the g.3gpp.mcvideo media feature tag in the Contact header field of the SIP 180 (Ringing) response;
4)
shall include the g.3gpp.icsi-ref media feature tag containing the value of "urn:urn-7:3gpp-service.ims.icsi.mcvideo" in the Contact header field of the SIP 180 (Ringing) response;
5)
shall include an application/vnd.3gpp.mcvideo-info+xml MIME body with the <mcvideo-called-party-id> element set to the MCVideo ID of the called MCVideo user, in the SIP 180 (Ringing) response; and

6)
shall send the SIP 180 (Ringing) response to the MCVideo server.

When sending the SIP 200 (OK) response to the incoming SIP INVITE request, the MCVideo client shall follow the procedures in subclause 6.2.3.1.1.

When NAT traversal is supported by the MCVideo client and when the MCVideo client is behind a NAT, generation of SIP responses is done as specified in this subclause and as specified in IETF RFC 5626 [xz].

6.2.3.2.2
Manual commencement mode for group calls

When performing the manual commencement mode procedures:

1)
the terminating MCVideo client may automatically generate a SIP 183 (Session Progress) in accordance with 3GPP TS 24.229 [11], prior to the MCVideo user's acknowledgement; and
2)
if the MCVideo user declines the MCVideo session invitation the MCVideo client shall send a SIP 480 (Temporarily Unavailable) response towards the MCVideo server with the warning text set to: "110 user declined the call invitation" in a Warning header field as specified in subclause 4.4, and not continue with the rest of the steps in this subclause.

When generating a SIP 183 (Session Progress) response, the MCVideo client:
1)
shall include the following in the Contact header field:

a)
the g.3gpp.mcvideo media feature tag; and

b)
the g.3gpp.icsi-ref media feature tag containing the value of "urn:urn-7:3gpp-service.ims.icsi.mcvideo"; and

2)
may include a P-Answer-State header field with the value "Unconfirmed" as specified in IETF RFC 4964 [30];

When sending the SIP 200 (OK) response to the incoming SIP INVITE request, the MCVideo client shall follow the procedures in subclause 6.2.3.1.2.

When NAT traversal is supported by the MCVideo client and when the MCVideo client is behind a NAT, generation of SIP responses is done as specified in this subclause and as specified in IETF RFC 5626 [xz]
6.2.4
Leaving an MCVideo session initiated by MCVideo client

6.2.4.1
On-demand session case

Upon receiving a request from an MCVideo user to leave an MCVideo session established using on-demand session signalling, the MCVideo client:
1)
shall interact with the media plane as specified in 3GPP TS 24.581 [5];

2)
shall generate a SIP BYE request according to 3GPP TS 24.229 [11];
3)
shall set the Request-URI to the MCVideo session identity to leave; and
4)
shall send a SIP BYE request towards MCVideo server according to 3GPP TS 24.229 [11].
Upon receiving a SIP 200 (OK) response to the SIP BYE request, the MCVideo client shall interact with the media plane as specified in 3GPP TS 24.581 [5].

6.2.5
Releasing an MCVideo session initiated by MCVideo client

6.2.5.1
On-demand session case

When the MCVideo client wants to release an MCVideo session established using on-demand session signalling, the MCVideo client:

1)
shall interact with the media plane as specified in 3GPP TS 24.581 [5];

2)
shall generate a SIP BYE request according to 3GPP TS 24.229 [11];
3)
shall set the Request-URI to the MCVideo session identity to release; and
4)
shall send a SIP BYE request towards MCVideo server according to 3GPP TS 24.229 [11].
Upon receiving a SIP 200 (OK) response to the SIP BYE request, the MCVideo client shall interact with the media plane as specified in 3GPP TS 24.581 [5].

6.2.6
Receiving an MCVideo session release request

Upon receiving a SIP BYE request, the MCVideo client:

1)
shall interact with the media plane as specified in 3GPP TS 24.581[5]; and

2)
shall send SIP 200 (OK) response towards MCVideo server according to 3GPP TS 24.229 [11].

6.2.7
Receiving a SIP MESSAGE request

Upon receipt of a SIP MESSAGE request the MCVideo client shall handle the request in accordance with 3GPP TS 24.229 [11] and IETF RFC 3428 [17].

If the SIP MESSAGE request contains:

-
an application/ vnd.3gpp.mcvideo-info+xml MIME body; and

-
a "text/plain" MIME body;

then the MCVideo client:

1)
shall validate the MCVideo ID in the <mcvideo-request-uri> element of the application/vnd.3gpp.mcvideo-info+xml MIME body; and

2)
if the validation of the MCVideo ID succeeds, shall render the message content in the text/plain MIME body to the MCVideo user identified by the MCVideo ID.
* * * Next Change * * * *
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