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This CR describes the detailed procedures for SIP and SDP at the UE, the MRFC and the Conferencing AS for handling of generic conference related requests .

As the MRFC and the Conferencing AS have to also handle SDP, a new section 7.4 has been introduced, including SDP procedures for the entities involved in IMS conferencing.
In addition this paper proposes to include all Conferencing AS and MRFC related information in one section.
~~ First Change ~~
3
Definitions, symbols and abbreviations

3.1
Definitions 

For the purposes of the present document, the following terms and definitions apply.

For the purposes of the present document, the terms and definitions defined in 3GPP TS 21.905 [1] and 3GPP TS 22.141 [2] apply.

Conferencing AS: 
an Application Server that supports functionality specific to a SIP conference focus.

The following terms and definitions given in draft-rosenberg-sipping-conferencing-framework-01 [7.80] apply (unless otherwise specified)

Conference

Conference-Aware Participant

Conference Notification Service

Conference Policy

Conference Policy Control Protocol

Conference Policy Server

Conference-Unaware Participant

Conference URI

Focus

Media Policy

Membership Policy

Mixer

Participant

Tightly Coupled Conference

~~ Second Change ~~
7.3.2
Procedures at the MRFC

Editor's Note: this clause describes: MRFC actions during conference creation

Editor's Note: this clause describes: MRFC actions when adding a user to a conference

Editor's Note: this clause describes: MRFC actions when a user leaves a conference

Editor's Note: this clause describes: MRFC actions during conference termination

Editor's Note: this clause describes: MRFC actions when a user subscribes to the conference event package (conference notification service)
Editor's Note: this clause describes: SIP handling of media conferences at the MRFC

Editor's Note: this clause describes: SIP handling of instant message based conferences (chat) at the MRFC 

Editor's Note: this clause describes: Floor control issues at the MRFC, which are covered by using SIP

Editor's Note: this clause describes: Conference policy control issues at the MRFC, which are covered by using SIP

7.3.2.1
General

Editor's Note: The following text should be added to subclause 5.8.1 of 3GPP TS 24.229.

As the function split between the MRFC and the conferencing AS is out of scope of this document, the procedures for the the conferencing AS are described in subclause 7.3.3.

For the purpose of SIP based conferences, the MRFC shall regard the MRFP as a mixer, as described in draft-rosenberg-sipping-conferencing-framework-01.txt [7.80] and draft-johnston-sipping-cc-conferencing-01 [7.81].´

7.3.3
Procedures at the conferencing AS
Editor's Note: this clause describes: AS actions during conference creation

Editor's Note: this clause describes: AS actions when adding a user to a conference

Editor's Note: this clause describes: AS actions when a user leaves a conference

Editor's Note: this clause describes:  AS actions during conference termination

Editor's Note: this clause describes: AS actions when a user subscribes to the conference event package (conference notification service)

Editor's Note: this clause describes: SIP handling of media conferences at the AS 

Editor's Note: this clause describes: SIP handling of instant message based conferences (chat) at the AS

Editor's Note: this clause describes: Floor control issues at the AS, which are covered by using SIP

Editor's Note: this clause describes: Conference policy control issues at the AS, which are covered by using SIP
7.3.3.1
General

Editor's Note: The following text should be added to subclause 5.8.1 of 3GPP TS 24.229.

All procedures described in subclause 7.3.3 apply to the Conferencing AS which may include MRFC/MRFP functionality. As the function split between the Conferencing AS and the MRFC is out of scope of this specification, only the procedures related to the Conferencing AS are described here.
For the purpose of SIP based conferences, the Conferencing AS shallact as a focus, as described in draft-rosenberg-sipping-conferencing-framework-01.txt [7.80] and draft-johnston-sipping-cc-conferencing-01 [7.81].
7.3.3.2
Generic procedures for all conference related methods at the Conferencing AS
7.3.3.2.1 
Mobile originating case

Editor's Note:
This section shall include generic handling of requests that are sent at the Conferencing AS due to IMS conferencing.

7.3.3.2.2
Mobile terminating case

Upon receipt of a conference related initial request the Conferencing AS shall

1) 
store the value of the icid parameter received in the P-Charging-Vector header;

2) 
store the value of the orig-ioi parameter received in the P-Charging-Vector header. The orig-ioi parameter identifies the sending network of the request message; and

3) 
store the values received in the P-Charging-Function-Addresses header, if received.

When creating the first response for this initial request, the Conferencing AS shall

1)
include the P-Charging-Vector header including

a) 
the value of the icid parameter as received in the initial request;

b) 
the value of the orig-ioi parameter as received in the initial request; and

c) 
the term-ioi parameter, indicating the network of the Conferencing AS; and

2) 
include the P-Charging-Function-Addresses header as received in the initial request or, if the P-Charging-Function-Addresses header was not received in the initial request, indicate the values applicable for the conference in the P-Charging-Function-Addresses header.

When creating responses for an initial INVITE request, the Conferencing AS shall additionally

1) 
indicate the requirement for reliable provisional responses in the first response and specify it using the Require header mechanism; and

2)  send the 200 (OK) response to the initial INVITE request only after the resource reservation has been completed.

Upon receiving an initial INVITE request without containing either supported: precondition or Require: precondition header values, the Conferencing AS shall generate a 421 (Extension Required) response indicating the required extension in the Require header field.

~~ Third and Last Change ~~
7.4
Application usage of SDP
7.4.1
Procedures at the UE

Editor's Note:
It is not expected that there are specific procedures for SDP usage at the UE for IMS conferencing.
Editor's Note: Text in this subclause should be added to subclause 6.1 of 3GPP TS 24.229.










7.4.2
Procedures at the Conferencing AS
Editor's Note: The following text should be added to a new subclause to clause 6 of 3GPP TS 24.229.

When the Conferencing AS receives any SIP request or response containing SDP, the Conferencing AS shall examine the media parameters in the received SDP. If the Conferencing AS finds any media parameters which are not allowed for the conference due to conference specific policy, the Conferencing AS shall return a 488 (Not Acceptable Here) response containing SDP payload. This SDP payload contains either all the media types, codecs and other SDP parameters which are allowed according to the conference specific policy, or, based on configuration by the operator of the Conferencing AS, a subset of these allowed parameters. This subset may depend on the content of the received SIP request or response. The Conferencing AS shall build the SDP payload in the 488 (Not Acceptable Here) response in the same manner as a UAS builds the SDP in a 488 (Not Acceptable Here) response as specifed in RFC 3261 [26]. The Conferencing AS shall order the SDP payload with the most preferred codec listed first.
Provided that the INVITE request received by the Conferencing AS contains an SDP offer including one or more "m=" media descriptions, the first 183 (Session Progress) provisional response that the Conferencing AS sends, shall contain the answer for the SDP received in the INVITE. The said SDP answer shall 

- 
reflect the media capabilities and preferences as available for the conference; and

-
contain a request confirmation for the result of the resource reservation at the originating end point for every "m=" media line.

During session establishment procedure for a conference, SIP messages shall only contain SDP payload if that is intended to modify the session description.
For "video" and "audio" media types that utilize the RTP/RTCP, the Conferencing AS shall specify the proposed bandwidth for each media stream utilizing the "b=" media descriptor in the SDP. For other media streams the "b=" media descriptor may be included. The value or absence of the "b=" parameter will affect the assigned QoS which is defined in 3GPP TS 29.208 [13].

The Conferencing AS shall include the DTMF media format at the end of the "m=" media descriptor in the SDP for audio media flows that support both audio codec and DTMF payloads in RTP packets as described in RFC 2833 [23].
Upon receipt of a SDP answer or sending a SDP answer that changes the resource requirements for the conference, the Conferencing AS shall provide the corresponding changes of conference resources.

Upon receipt of a SDP offer during conference creation, that confirms that the UE has reserved the required resources, the Conferencing AS shall through-connect the conference resources.
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