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1 Reason for Change

The PoC AD states:

9.2.2.3 Manual answer case 

This subclause describes a scenario where the invited PoC User has selected the manual answer indication for responses to the PoC Session request.  The scenario is valid for On-demand Session case as well as for the Pre-established Session case Figure 18 “Manual Answer” shows signalling flow for this scenario.

Contribution 408 then stated: 

As a result of analysis necessary to produce the flows for Appendix F it has been discovered that the current normative specification text does not fully cover the Manual Answer with Pre-established Session terminating case scenario.

The following issues exist:

1. Currently subclause 7.3.2.2 states that the terminating Participating PoC Function:

"ii. generate a SIP re-INVITE according to the rules and procedures of  [RFC3261] if a Pre-established Session is going to be used."

However this is insufficient and does not specify the usage of  the Contact, Supported, Session-Expires and P-Answer-Mode headers or the handling of provisional responses (180 Ringing) when the dialog is already established..

2. Currently there are no procedures in subclause 6.2 for the terminal when it receives a re-invite associated with the pre-established session for the manual answer scenario. The current subclauses are all related to the use of initial requests or session modification.
The author of this contribution then took an action item to return with proposed CP normative text for the PoC WG
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

Accept proposed changes

6 Detailed Change Proposal

7.3.2.2.3
Manual-answer 

The PoC Server:

· 1. SHALL, if the P-Alerting-Mode header is included with the value "MAO", check the authorization of the Authenticated Originator’s PoC Address to override the Invited PoC User’s Answer Mode setting and if authorized continue as specified in subclause 7.3.2.2.1 "Automatic answer on demand" or as specified in subclause 7.3.2.2.2 "Automatic answer using Pre-established Session" depending on if a Pre-established Session exists or not. If not authorized continue with the following steps;

· 2. SHALL determine if the PoC Server stays in the media path and Talk Burst Control message path or not, as specified in [OMA-PoC-UP] "User Plane routing";
· 3. SHALL, if the PoC Server stays on the media path or the anonymity is requested by the value "id" in the Privacy header, the PoC Server

a) SHALL either

i. generate a SIP INVITE request as specified in  subclause 7.3.2.1 "General" if a Pre-established Session is not going to be used; or,
ii. generate a SIP re-INVITErequest as specified in  subclause 7.3.2.1 "General",, with the following exception, if a Pre-established Session is to be used:
1) SHALL use the PoC Session Identity of the pre-established session by setting the Request-URI to the PoC Session Identity of the pre-established session;
b) SHALL include a MIME SDP body as a SDP offer according to rules and procedures of [RFC3264] and [RFC2327] with the following information:

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

ii. The codec(s) and Media Parameters selected by the PoC Server from those contained in the SDP offer in the incoming SIP INVITE request and if transcoding is supported by the PoC Server, MAY also include the codec(s) and Media Parameters, which can be transcoded by the PoC Server to a codec contained in the SDP offer in the incoming SIP INVITE request;

iii. If another IP address or port number is used instead of the default IP address and port number as specified by [RFC3550], set the IP address and port number to be used for RTCP at the PoC Server according to rules and procedures of [RFC3605];

iv. The Talk Burst Control Protocol(s) and Talk Burst parameters selected by the PoC Server from those contained in the SDP offer in the incoming SIP INVITE request and if interworking between Talk Burst Control Protocols are supported by the PoC Server, MAY also include the ones that can be translated by the PoC Server to Talk Burst Control Protocol and Talk Burst parameters contained in the SDP offer in the incoming SIP INVITE request; and,  

v. The PoC Server’s port number(s) for the Talk Burst Control Protocol(s).

c) SHALL continue, for the duration of the SIP Session, acting as a B2BUAaccording to rules and procedures of [RFC3261].
· 4. SHALL, if the PoC Server does not stay in the media path, 
a) for the duration of the SIP Session and as long as the PoC Client is a Participant in the PoC Session, act as a SIP proxy according to rules and procedures of [RFC3261]; 

b) use the content of the received SIP INVITE to generate the SIP INVITE request according to rules and procedures of [RFC3261]; and,

c) include a Record-Route header containing a URI identifying its own address.
· 5. SHALL include the P-Alerting-Mode header set to "Manual";

· 6. SHALL remove the Referred-By header if anonymity is requested by the value "id" in the Privacy header; and,

· 7. SHALL send the SIP INVITE request towards the PoC Client according to rules and procedures of the SIP/IP Core.

Note: If the session description (e.g., codecs) of the manually answered PoC Session differs from the initial session description of the pre-established session, the PoC Client MAY send a re-INVITE to the PoC server to reset the session description of the pre-established session after the PoC Session terminates back to its usual desired state.  

Upon receiving a SIP 180 "Ringing" response to the SIP INVITE request the PoC Server:

· 1. SHALL store the list of supported SIP methods if received in the Allow header;
· 2. SHALL store the contact if received in the Contact header;

· 3. SHALL generate a SIP 180 "Ringing" response as specified in subclause 7.3.2.1 "General" if acting as a B2BUA; and,
· 4. SHALL generate a SIP 180 "Ringing" response according to rules and procedures of [RFC3261] if acting as a SIP proxy.

· 5. SHALL send the SIP 180 "Ringing" response towards the PoC Server performing the Controlling PoC Function according to rules and procedures of SIP/IP Core;

Upon receiving a SIP 200 "OK" response to the SIP INVITE request the PoC Server:

· 1. SHALL, if the PoC Server acts as B2BUA 

a) SHALL store the list of supported SIP methods if received in the Allow header;

b) SHALL store the contact received in the Contact header;

c) generate a SIP 200 "OK" response as specified in the subclause 7.3.2.1 "General"; and,

d) include a MIME SDP body as the SDP answer according to rules and procedures of [RFC3264] and [RFC2327] with the following information:

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

ii. The codec and Media Parameters selected by the PoC Server from those contained in the SDP answer from the Invited PoC Client(s) and if transcoding is supported by the PoC Server, MAY also include the codec(s) and Media Parameters contained in the SDP offer in the incoming SIP INVITE request, which can be transcoded by the PoC Server to a codec contained in the SDP answer in the received SIP 200 “OK” response;

iii. if another IP address or port number is used instead of the default IP address and port number as specified in [RFC3550], set the IP address and port number to be used for RTCP at the PoC Server according to rules and procedures of  [RFC3605];

iv. The Talk Burst Control Protocol(s) and Talk Burst parameters contained in the SDP answer from the Invited PoC Client(s) and if interworking between Talk Burst Control Protocols are supported by the PoC Server, MAY also include the ones contained in the SDP offer in the incoming SIP INVITE request, that can be translated by the PoC Server to Talk Burst Control Protocol and Talk Burst parameters contained in the SDP answer in the received SIP 200 “OK” response; and,   

v. The PoC Server’s port number(s) to be used for the Talk Burst Control Protocol(s).

e) interact with the User Plane as specified in [OMA-PoC-UP] "Participating PoC Function procedure at initialization".

· 2. SHALL, if the PoC Server acts as a SIP proxy

a) generate a SIP 200 "OK" response according to rules and procedures of [RFC3261]; and,

b) include the same MIME SDP body as the SDP answer received in the SIP 200 "OK" response.

· 3. SHALL send the SIP 200 "OK" response to the PoC Server performing the Controlling PoC Function according to rules and procedures of SIP/IP Core.

The PoC Server SHALL forward any other SIP response that does not contain SDP along the signalling path to the originating network according to rules and procedures of SIP/IP Core.

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  [3GPP TS 24.229] / [3GPP2 X.S0013.4] with the clarifications given in this subclause.

6.2.1.2 Auto-answer case

This section assumes the PoC Client is not receiving a re-INVITE for an existing PoC Session.  If the PoC Client receives a re-INVITE for an existing PoC Session, then refer to section 6.2.2 PoC Client Receiving a PoC Session Modification Request.
On receipt of an initial SIP INVITE (or re-INVITE) request containing the P-Alerting-Mode header with the value "Auto" as specified in [draft-poc-p-headers] and when the PoC Client is set to Auto Answer Mode the PoC Client:

· 1. SHALL validate that the Media Parameters and at least one codec offered in the SIP INVITE request are acceptable to the PoC Client and if not, reject the request with a SIP 488 "Not Acceptable Here" response. Otherwise, continue with the rest of the steps;

· 2. SHALL accept the request and generate a SIP 200 "OK" response as specified in the subclause 6.2.1.1 "General" towards the PoC Server; and,
· 3. SHALL include in a SIP 200 "OK" response a MIME SDP body as a SDP answer according to rules and procedures of [RFC3264] and [RFC2327] as follows:

a) The IP address and port number at the PoC Client for the RTP Session;

b) The codec(s) and Media Parameters acceptable by the PoC Client for the PoC Service selected from those in the SDP offer contained in the incoming SIP INVITE request;

c) if another IP address or port is used instead of the default IP address and port number specified by [RFC3550], set the IP address and port number to be used for RTCP at the PoC Client according to rules and procedures of [RFC3605];

d) The selected Talk Burst Control Protocol(s) and Talk Burst parameters selected from those in the SDP offer contained in the SIP INVITE request; and,
e) the port number(s) to be used for the Talk Burst Control Protocol(s).

· 4. SHALL send the SIP 200 "OK" response towards the PoC Server according to rules and procedures of the SIP/IP Core; and,
· 5. SHALL interact with the User Plane as specified in [OMA-PoC-UP] “PoC Client procedures at PoC Session initialization”.

When the SIP/IP Core corresponds with 3GPP/3GPP2 IMS, the PoC Client 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.
6.2.1.3
Manual-answer case

This section assumes the PoC Client is not receiving a re-INVITE for an existing PoC Session.  If the PoC Client receives a re-INVITE for an existing PoC Session, then refer to section 6.2.2 PoC Client Receiving a PoC Session Modification Request.   
On receipt of an initial SIP INVITE (or re-INVITE) request containing the P-Alerting-Mode header with the value "Manual" as specified in [draft-poc-p-headers] or when the PoC Client is set to Manual Answer Mode and when the P-Alerting-Mode header does not contain the value “MAO” the PoC Client:

· 1. SHALL validate that the Media Parameters and at least one codec offered in the SIP INVITE request are acceptable to the PoC Client and if not, reject the request with a SIP 488 "Not Acceptable Here" response. Otherwise, continue with the rest of the steps;

· 2. SHALL generate and send a SIP 180 'Ringing' response towards the PoC Server as specified in the subclause 6.2.1.1 "General". If the user accepts the PoC Session invitation, perform steps 3, 4 and 6. If the user declines the PoC Session invitation, perform step 5;
· 3. SHALL generate a SIP 200 "OK" response to the SIP INVITE request as specified in the subclause 6.2.1.1 "General" if the PoC User accepts the PoC Session invitation;  

· 4. SHALL include a MIME SDP body as a SDP answer in the SIP 200 "OK" response according to rules and procedures of [RFC3264] and [RFC2327] as follows:

a) the IP address and port number at the PoC Client for the RTP Session;

b) the codec(s) and Media Parameters acceptable by the PoC Client for the PoC service selected from those in the SDP offer contained in the incoming SIP INVITE request;

c) if another IP address or port is used instead of the default IP address and port number as specified by [RFC3550], set the IP address and port number to be used for RTCP at the PoC Client according to rules and procedures of [RFC3605];

d) the selected Talk Burst Control Protocol(s) and Talk Burst parameters selected from those in the SDP offer contained in the SIP INVITE request; and,
e) the port number(s) to be used for the Talk Burst Control Protocol(s).

· 5. SHALL send a SIP 480 "Temporarily Unavailable" response towards the PoC Server if the PoC User declines the PoC Session invitation or a SIP 408 "Request Timeout" response if the invitation times out. 

· 6. SHALL, if the PoC User accepts the PoC Session invitation.

a) send the SIP 200 "OK" response to the PoC Server; and,
b) interact with the User Plane as specified in [OMA-PoC-UP] “PoC Client procedures at PoC Session initialization”.

When the SIP/IP Core corresponds with 3GPP/3GPP2 IMS, the PoC Client 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.

6.2.2 PoC Client receiving a PoC Session modification request

This section assumes the PoC Client is receiving a re-INVITE or UPDATE to an existing PoC Session.  If the PoC Client receives a re-INVITE that does not apply to an existing PoC Session, then refer to section 6.2.1.2 Auto Answer Case or 6.2.1.3 Manual Answer Case.  
Upon receiving a SIP UPDATE request, or a SIP re-INVITE request with a MIME SDP body including a new SDP offer as specified by [RFC3264] and [RFC2327] that applies to the existing PoC Session, the PoC Client:

· 1. SHALL validate that the Media Parameters are acceptable to the PoC Client and if not,

a) select a subset of the received Media Parameters; or,

b) reject the request with a SIP 488 "Not Acceptable Here" response towards the PoC Server according to the rules and procedures of SIP/IP Core. Otherwise, continue with the rest of the steps.

· 2. SHALL activate new Media Parameters as specified in [OMA-PoC-UP] "User Plane adaptation";

· 3. SHALL generate a SIP 200 "OK" according to rules and procedures of [RFC3261]; 

· 4. SHALL include the Session-Expires header in the SIP 200 "OK" response to the SIP UPDATE or SIP re-INVITE request with the refresher parameter set to 'uas' and re-start the SIP Session timer according to rules and procedures specified in [draft-ietf-sip-session-timer]; 

· 5. SHALL include the option tag 'timer' in the Require header;
· 6. SHALL include the accepted Media Parameters in a MIME SDP body as the SDP answer according to rules and procedures of [RFC3264] and [RFC2327]; and,

· 7. SHALL send the SIP 200 "OK" response towards the PoC Server according to rules and procedures of SIP/IPCore. 

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