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1 Reason for Change

In the current CP version the Contact header contains a URI that is useless in the INVITE arriving to the terminating PoC Client e.g. to subscribe conference state event package. The Contact header should contain the PoC session identity.

Instead of setting its own identity to the Contact header the terminating Participating function builds the Contact header from its own host domain name and from the contact address in the received INVITE. The result is that the Contact header contains such an address that it is resolvable to the PoC session identity hosted on the controlling PoC server.

This problem was addressed latest with the contribution 711R04 in Sophia.

2 Impact on Backward Compatibility

None.

3 Impact on Other Specifications

None.

4 Intellectual Property Rights

Members and their Affiliates (collectively, "Members") agree to use their reasonable endeavours to inform timely the Open Mobile Alliance of Essential IPR as they become aware that the Essential IPR is related to the prepared or published Specification.  This obligation does not imply an obligation on Members to conduct IPR searches.  This duty is contained in the Open Mobile Alliance application form to which each Member's attention is drawn.  Members shall submit to the General Manager of Operations of OMA the IPR Statement and the IPR Licensing Declaration.  These forms are available from OMA or online at the OMA website at www.openmobilealliance.org.

5 Recommendation

To discuss and adopt the corrections according to the chapter below:

6 Detailed Change Proposal

7.3.2.2.3 Manual answer

When the PoC Server receives an initial SIP INVITE request the PoC Server SHALL perform the following steps:

When the invited PoC User is using a Manual Answer Mode the PoC Server SHALL:

1. SHALL construct a SIP INVITE request; 
2. SHALL build the URI for the Contact header such that it resolves to the contact address of the PoC Server and such that the PoC Server can resolve it back to the original URI provided in the SIP INVITE request by the PoC Server performing the Controlling PoC Function. The URI SHALL include the PoC Feature-tag ‘+g.poc.talkburst’ and the Session Type uri-parameter provided in the SIP INVITE request by the Controlling PoC Function;
Editor’s note: In the sub-clause 6.1.10 it is said that the subscription shall use a new dialog. Is it possible for the PoC Client with the Contact address built in this step?
Editor’s note: It has to be checked whether it is a problem that subscription dialog may remain after the session created by the INVITE is terminated e.g. by the terminating PoC User.
3. SHALL insert the Manual Answer Mode indication in the SIP INVITE request including P-Alerting-Mode header with the value "Manual" according to the rules and procedures of [OMA-P-headers-draft];

4. build an SDP offer and insert the SDP offer in the body of the SIP INVITE request containing either it’s own media parameters or the media parameters of the PoC Server performing the Controlling PoC Function received in the SIP INVITE request depending on whether the PoC Server performing the Participating PoC Function stays or does not stay on the media and Talk Burst Control message path;

a. the INVITE request SHALL include a MIME SDP body as a SDP offer according to rules and procedures of [RFC3264] and [RFC2327] as follows:

i. The IP address and port number at the PoC Server for the RTP session;

ii. Set the supported codecs of the PoC Server; 

iii. Optionally, if another IP address or port shall be used instead of the default IP address and port number, set the IP address and port number at the PoC Server for the RTCP session according to rules and procedures of [RFC3605].

iv. The offered talk burst control protocol and the port number(s) for the talk burst control protocol.

5. send the SIP INVITE request towards the SIP/IP Core to be forwarded to the PoC Client that registered the PoC Address invited to the PoC Session;

6. send a SIP180 "Ringing" response along to the signalling path to the originating network when the invited PoC Client responds with a SIP 180 "Ringing" response; 

7. send a SIP 200 "OK" response as described below along the signalling path to the originating network when the invited PoC Client responds and a SIP 200 "OK"  response  is received from the invited PoC Address.

a) If the PoC Server stays on the media and Talk Burst Control message path then the PoC Server SHALL include a MIME SDP body as a SDP answer according to rules and procedures of [RFC3264] and [RFC2327] as follows:

1. The IP address and port number at the PoC Server for the RTP Session;

2. Set the supported codecs of the PoC Client; 

3. Optionally, if another IP address or port shall  be used instead of the default IP address and port number, set the IP address and port number at the PoC Server for the RTCP Session according to rules and procedures of  [RFC3605].

4. The selected Talk Burst Control Protocol and the port number(s) to be used for the Talk Burst Control Protocol.

Continue, for the duration of the PoC Session, acting as a B2BUA according to rules and procedures of [RFC 3261].

b. If the PoC Server does not stay in media and Talk Burst Control message path the PoC Server SHALL include the same MIME sdp body as received from the SIP/IP Core.

Continue, for the duration of the PoC Session, acting as a SIP proxy according to rules and procedures of [RFC 3261].

When the SIP/IP Core corresponds with 3GPP/3GPP2 IMS, the PoC Server SHALL use 3GPP/3GPP2 IMS Session establishment mechanisms according to rules and procedures of [TS24.229] / [3GPP2 X.S0013.4] with the clarifications given in this subclause.
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