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1. Introduction
This P-CR introduces the MCPTT server procedures acting as participating role for terminating private call.
2. Reason for Change
TS 23.179 subclause 10.9.2 describes on-network private call within one MCPTT system or within several MCPTT systems using automatic or manual commencement mode and with the ability to request or not request floor control.  : 

As MCPTT servers may act as participating or controlling role, it is divided the procedures of MCPTT server into the case of participating MCPTT function and controlling MCPTT function for each originating and terminating call procedures.

This p-CR covers the procedures of participating MCPTT function for terminating private call.

Each MCPTT server is a SIP B2BUA and thus each MCPTT server will need to generate an SDP offer and an SDP answer for each case of "on demand" and "using pre-established session".
This P-CR is structured as follows:

1)
There are references to subclauses introduced by P-CR C1-153509 for SDP offer and answer generation, generation of a SIP INVITE request to the client and generation of SIP final response to the SIP INVITE request.

2)
The Automatic and Manual commencement mode procedures are put in general subclauses for the participating server as they may be used by other functionality in the future.

3)
The procedure starts in subclause 11.1.1.3.2.

4)
The procedure uses terms introduced by P-CR C1-153507 on distinguishing invites, i.e. "SIP INVITE request for terminating participating function".
3. Proposal

It is proposed to agree the following changes to 3GPP TS 24.379 version 0.2.2
* * * First Change * * * *

6.3.2.2.4.1 Provisional response
NOTE: This subclause is referenced from other procedures
When sending a SIP provisional responses other than the SIP 100 (Trying) response to the SIP INVITE request, the participating MCPTT function shall generate a SIP provisional response according to 3GPP TS 24.229 [4] and;
1)
shall include value "id" in the Privacy header field according to rules and procedures of IETF RFC 3325 [14], if the privacy is requested;
Editor's Note [CT1#94, 6.3.2.2.4.1, #1]: The exact use of "id" is FFS.
2) shall include the following in the Contact header field:

a) g.3gpp.mcptt media feature tag;
b) the g.3gpp.icsi-ref media feature tag containing the value of "urn:urn-7:3gpp-service.ims.icsi.mcptt".
Editor's Note [CT1#94, 6.3.2.2.4.1, #2]: It is FFS whether one of or both of the media feature tag and ICSI value are required to be specified.
* * * Next Change * * * *

6.3.3.2.5
Automatic Commencement Mode
6.3.3.2.5.1
General
When receiving a "SIP INVITE request for terminating participating server" that requires automatic commencement mode:
a)
if 
i)
the invited MCPTT client has one or more pre-established sessions without an associated MCPTT session; 

ii)
the media-level section for the offered MPCTT speech media stream is the same as the media-level section for MCPTT speech media stream in the existing pre-established Session; and

iii)
the media-level section of the offered media-floor control entity is the same as the media-level section for media-floor control entity in the existing pre-established session;
the participating MCPTT function shall  perform the actions specified in subclause 6.3.3.2.5.3;
b)
otherwise the participating MCPTT function shall perform the actions specified in subclause 6.3.3.2.5.2.
6.3.3.2.5.2
Automatic commencement for On-Demand session

When receiving a "SIP INVITE request for terminating participating server" for an on-demand session that requires automatic commencement mode the participating MCPTT function:
1)
shall generate a SIP 183 (Session Progress) response to the "SIP INVITE request for terminating participating server" as specified in subclause 6.3.2.2.4.1 according to 3GPP TS 24.229 [4];

Editor's Note [CT1#94, 6.3.3.2.5.2, #1]: Can "100rel" be included in a Require header field by the participating MCPTT function?

Editor's Note: [CT1#94, 6.3.3.2.5.2, #2]: Should we be including the P-Answer-State header field set to "Unconfirmed"?

2).
shall generate a SIP INVITE request as specified in subclause 6.3.2.2.3;
3)
shall set the Request-URI to the MCPTT ID of the MCPTT user to be invited;
4)
shall copy the contents of the P-Asserted-Identity header field of the incoming "SIP INVITE request for terminating participating server" to the P-Asserted-Identity header field of the outgoing SIP INVITE request;
5)
shall copy the contents of the Answer-Mode header field from the received "SIP INVITE request for terminating participating server" to SIP INVITE request;

Editor's Note [CT1#94, 6.3.3.2.5.2, #3]: RFC 5373 also defines the "Priv-Answer-Mode" header field. Priv-Answer-Mode may be required for dispatchers support. This would require the terminating client to support the ability to override the preferred answer mode. It is FFS if these aspects are required for MCPTT.

6)
shall include in the SIP INVITE request an SDP offer based on the SDP offer in the received "SIP INVITE request for terminating participating server" as specified in subclause 6.3.2.2.1;
 and
7)
shall send the SIP INVITE request towards the MCPTT client according to 3GPP TS 24.229 [4].
Upon receiving a SIP 200 (OK) response to the above SIP INVITE request sent to the MCPTT client, the participating MCPTT function:
Editor's Note [CT1#94, 6.3.3.2.5.2, #4]: The following statement needs to be discussed as to whether the 183 can be sent reliably 
1.
if,the SIP 183 (Session Progress) was sent unreliable, shall send the SIP 200 (OK) response immediately; and
2)
if the SIP 183 (Session Progress) was sent reliably, shall wait until the receipt of a SIP PRACK request before sending the SIP 200 (OK) response.
Upon receiving a SIP PRACK request the participating MCPTT function shall generate a SIP 200 (OK) response to the SIP PRACK and forward the SIP 200 OK response, according to 3GPP TS 24.229 [4].
When the participating MCPTT function sends the SIP 200 (OK) response the participating MCPTT function:

1.
shall generate a SIP 200 (OK) response as described in the subclause 6.3.2.2.4.2
;
2.
shall include in the SIP 200 (OK) response an SDP answer based on the SDP answer in the received SIP 200 (OK) response as specified in subclause 6.3.2.2.2.1
;
3)
shall interact with the Media Plane as specified in 3GPP TS 24.380 [5]; and
4)
shall forward the SIP 200 (OK) response according to 3GPP TS 24.229 [4].
The participating MCPTT function shall forward any other SIP response that does not contain SDP along the signalling path to the originating network according to 3GPP TS 24.229 [4];

6.2.3.2.5.3
Automatic commencement for Pre-established session

When receiving a "SIP INVITE request for terminating participating server" for a pre-established session that requires automatic commencement mode the participating MCPTT function:
1)
shall validate that the media parameters are acceptable for the participating MCPTT function and if not reject the request with a SIP 488 (Not Acceptable Here) response. Otherwise, continue with the rest of the steps;

Editor's Note [CT1#94, 6.3.3.2.5.3, #1]: There may need to be checks at the server related to whether the client supports the dispatcher capability, if the incoming INVITE request included a feature tag that identified the request from a dispatcher. Dispatcher support is FFS.

2)
shall generate a SIP 200 (OK) response to the "SIP INVITE request for terminating participating server" as described in the subclause 6.3.2.2.4.2 
"General";

3)
shall include in the SIP 200 (OK) response an SDP answer as specified in the subclause xxxx
 based on the SDP negotiated during the Pre-established Session establishment as specified subclause yyy and SDP offer received in the "SIP INVITE request for terminating participating server";

Editor's Note [CT1#94, 6.3.3.2.5.3, #2]: Should we be including the P-Answer-State header field set to "Unconfirmed"?

4)
shall include value "id" in the Privacy header field according to rules and procedures of IETF RFC 3325 [41], if the Invited MCPTT client has requested privacy, when the Pre-established Session was established;

Editor's Note [CT1#94, 6.3.3.2.5.3, #3]: Privacy is FFS.

Editor's Note [CT1#94, 6.3.3.2.5.3, #4]: For dispatcher support, will need to include a feature tag in the Contact header field of the SIP 200 (OK) response if the incoming SIP INVITE request included an Accept-Contact header field with this feature tag along with "require" and "explicit" parameters.
5)
shall send the SIP 200 (OK) response to the INVITE request according to 3GPP TS 24.229 [4]; and
6)
shall interact with the Media Plane as specified in 3GPP TS 24.380 [5].
6.3.3.2.6
Manual Commencement Mode

6.3.3.2.6.1
General
When receiving a "SIP INVITE request for terminating participating server" that requires manual commencement mode:

a)
if: 

i)
the invited MCPTT client has one or more pre-established sessions without an associated MCPTT session; 

ii)
the media-level section for the offered MPCTT speech media stream is the same as the media-level section for MCPTT speech media stream in the existing pre-established Session; and

iii)
the media-level section of the offered media-floor control entity is the same as the media-level section for media-floor control entity in the existing pre-established session;
the participating MCPTT function shall  perform the actions specified in subclause 6.3.3.2.6.3;
b)
otherwise the participating MCPTT function shall perform the actions specified in subclause 6.3.3.2.6.2.
6.2.3.2.6.2
Manual commencement for On-Demand session
When receiving a "SIP INVITE request for terminating participating server" for an on-demand session that requires manual commencement mode the participating MCPTT function:
1).
shall generate a SIP INVITE request as specified in subclause 6.3.2.2.3
;
2)
shall set the Request-URI to the MCPTT ID of the MCPTT user to be invited;

3)
shall copy the contents of the Answer-Mode header field from the received "SIP INVITE request for terminating participating server" to the SIP INVITE request;
4)
shall copy the contents of the P-Asserted-Identity header field of the incoming "SIP INVITE request for terminating participating server" to the P-Asserted-Identity header field of the outgoing SIP INVITE request;
5)
shall include in the SIP INVITE request an SDP offer based on the SDP offer in the received "SIP INVITE request for terminating participating server" as specified in subclause 6.3.2.2.1
; and
6)
shall send the SIP INVITE request towards the MCPTT client according to 3GPP TS 24.229 [4].
Upon receiving a SIP 180 (Ringing) response to the above SIP INVITE request, the participating MCPTT function:

Editor's Note [CT1#94, 6.2.3.2.6.2, #1]: Caching of the contact information related to the "application session identifier" may need to be specified.
1)
shall generate a SIP 180 (Ringing) response as specified in subclause 6.3.2.2.4.1;
2)
shall include the P-Asserted-Identity header field as received in the incoming SIP 180 (Ringing) request; and
3).
shall forward the SIP 180 (Ringing) response according to 3GPP TS 24.229 [4];
Upon receiving a SIP 200 (OK) response to the SIP INVITE request sent to the MCPTT client, the participating MCPTT function:

Editor's Note [CT1#94, 6.2.3.2.6.2, #2]: Caching of the contact information related to the "application session identifier" may need to be specified.
When the participating MCPTT function sends the SIP 200 (OK) response the participating MCPTT function:

1.
shall generate a SIP 200 (OK) response as described in the subclause 6.3.2.2.4.2
;
2.
shall include in the SIP 200 (OK) response an SDP answer based on the SDP answer in the received SIP 200 (OK) response as specified in subclause 6.3.2.2.2.1
;
3)
shall interact with the Media Plane as specified in 3GPP TS 24.380 [5]; and
4)
shall forward the SIP 200 (OK) response according to 3GPP TS 24.229 [4].
The participating MCPTT function shall forward any other SIP response that does not contain SDP along the signalling path to the originating network according to 3GPP TS 24.229 [4];
6.2.3.2.6.3
Manual commencement for Pre-established session

When receiving a "SIP INVITE request for terminating participating server" for a pre-established session that requires manual commencement mode the participating MCPTT function:
1)
shall generate a SIP re-INVITE request as described in subclause 6.3.2.2.3
;
NOTE 1:
A SIP re-INVITE request cannot include an Answer-Mode header field as specified in IETF RFC 5373 [xx] so Manual Answer is implied with a SIP re-INVITE request within the existing SIP dialog of the Pre-established Session.

2)
shall set the Request-URI to the MCPTT ID of the MCPTT user to be invited;

3)
shall include the Call-ID, From tag and To tag which are provided from pre-established session;

4)
shall include in a Contact header field a PSI which identifies the pre-established session;
5).
shall include in the SIP re-INVITE request an SDP offer based on the SDP offer in the received SIP INVITE request as specified in the subclause 6.3.2.2.1
;
6)
shall include value "id" in the Privacy header field according to rules and procedures of IETF RFC 3325 [14], if the Invited MCPTT client has requested privacy, when the Pre-established Session was established; and
Editor's Note [CT1#94, 6.2.3.2.6.3, #1]: Privacy is FFS.

7)
shall send the SIP re-INVITE request towards the MCPTT client according to 3GPP TS 24.229 [4];
Upon receiving a SIP 180 (Ringing) response to the above SIP re-INVITE request, the participating MCPTT function:

Editor's Note [CT1#94, 6.2.3.2.6.3, #2]: Caching of the contact information related to the "application session identifier" may need to be specified.
1)
shall generate a SIP 180 (Ringing) response as specified in subclause 6.3.2.2.4.1; and
2)
shall include the P-Asserted-Identity header field as received in the incoming SIP 180 (Ringing) request; and
3).
shall forward the SIP 180 (Ringing) response according to 3GPP TS 24.229 [4].
Upon receiving a SIP 200 "OK" response to the SIP re-INVITE request, the participating MCPTT function:

1)
shall interact with the media plane as specified in 3GPP TS 24.380 [5] for updating the media plane with the newly negotiated codecs and media parameters from the received SDP answer, if the received SDP answer includes changes in codecs or media formats or media parameters from those earlier accepted;
2)
shall generate a SIP 200 (OK) response as described in the subclause 6.3.2.2.4.2
;
3)
shall include in the SIP 200 (OK) response, an SDP answer based on the SDP answer in the received SIP 200 (OK) response, as specified in subclause 6.3.2.2.2.1
;
4)
shall interact with the Media Plane as specified in 3GPP TS 24.380 [5]; and
NOTE 2:
The participating MCPTT function sends a MCCP Connect message, in order to give MCPTT Session Identity to the terminating MCPTT client.
5)
shall send the SIP 200 "OK" Response to the SIP INVITE request according to rules and procedures of SIP/IP Core.
* * * Next Change * * * *

11.1.1.3.2
Server terminating procedures
NOTE:
This subclause covers both on demand session and pre-established session.

Upon receipt of a "SIP INVITE request for terminating participating function", the participating MCPTT function performing the participating role:
1)
if unable to process the request due to a lack of resources or a risk of congestion exists, may reject the "SIP INVITE request for terminating participating server" with a SIP 500 (Server Internal Error) response. The participating MCPTT function may include a Retry-After header field to the SIP 500 (Server Internal Error) response as specified in IETF RFC 3261 [ff];

2)
shall check the presence of the "isfocus" feature parameter in the URI of the Contact header field and if it is not present then the participating MCPTT function shall reject the request with a SIP 403 "Forbidden" response with the warning text set to "XXX isfocus not assigned" in a Warning header field as specified in subclause 4.x. Otherwise, continue with the rest of the steps; 

Editor's Note [CT1#94, 11.1.1.3.2, #1]: If the service settings for the served MCPTT client have not yet been received by the participating server, then the server should reject the request. Service settings and required behaviour are FFS.

Editor's Note [CT1#94, 11.1.1.3.2, #2]: If privacy is included in the request, policy may exist on the server to reject the request if anonymity is disallowed. This is FFS.

Editor's Note [CT1#94, 11.1.1.3.2, #3]: The participating MCPTT function may check for incoming barring settings for the user, and if these are specified, may also consider the priority of the user, i.e. whether the user has a normal priority or a privilege. This is FFS. 

Editor's Note [CT1#94, 11.1.1.3.2, #4]: It is still to be determined if QoE profiles are to be specified for MCPTT. If so, then the QoE profile would be a factor for the participating server when considering Resource-Priority in the case of possible congestion.
Editor's Note [CT1#94, 11.1.1.3.2, #5]: RFC 4964 provides the ability for the MCPTT caller to send media early prior to the MCPTT callee having answered the call. The participating MCPTT function would receive a 183 (Session Progress) with a P-Answer-State header field set to "Unconfirmed". This would get translated at the controller to a 200 (OK) "Unconfirmed" which would allow the caller to sent media packets to the participating MCPTT function which are buffered until the callee sends back the 200 (OK) response containing a P-Answer-State header field with the value of "Confirmed". In Stage 2, it is not clear if the terminating client sends a provisional response (not 100 Trying). It is currently assumed that in group call, 200 (OK) is sent back and not 18x, which would mean that there is no use of the P-Answer-State. Further clarification is needed
3)
shall perform the automatic commencement procedures specified in subclause 6.3.3.2.5.1 if the following conditions are met:
a)
"SIP INVITE request for terminating participating server" contains an Answer-Mode header field with the value "Auto"; or

b)
"SIP INVITE request for terminating participating server" does not contain an Answer Mode header field and the default policy for answering the call at the invited MCPTT client is to use automatic commencement mode; and
4)
shall perform the manual commencement procedures specified in subclause 6.3.3.2.5.2 if the following conditions are met:
a)
"SIP INVITE request for terminating participating server" contains an Answer-Mode header field with the value "Manual"; or

b)
"SIP INVITE request for terminating participating server" does not contain an Answer Mode header field and the default policy for answering the call at the invited MCPTT client is to use manual commencement mode.

* * * End Changes * * * *
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