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1. Introduction
This P-CR introduces the client procedures for on-demand private call with floor control and introduces a common subclause on commencement modes. Additionally, a common subclause is added for SDP Answer generation by the terminating client.
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. From a client point of view, the procedures for private call within one MCPTT system or within several MCPTT systems is the same. Taking the text from the procedures in subclause 10.9.2, the below table gives a stage 3 analyses of some of the stage 2 text from an originating and terminating client point of view.
	Stage 2
	Stage 3

	MCPTT client 1 sends an MCPTT private call request towards the MCPTT server (via SIP core) using a service identifier as defined in 3GPP TS 23.228 [5] for MCPTT, for establishing a private call with the MCPTT client 2.

The MCPTT private call request contains the MCPTT id of invited user, an SDP offer containing one or more media types, and an automatic commencement mode indication. In case of private call with floor control, the MCPTT private call request also contains an element that indicates that MCPTT client 1 is requesting the floor. The MCPTT client 1 indicates that the call is to be established in automatic commencement mode.
	Set the Request-URI of the SIP INVITE request to a public service identity identifying the private call service on the MCPTT server.

Insert in the SIP INVITE request a MIME resource-lists body with the MCPTT ID of the invited MCPTT User, according to rules and procedures of IETF RFC 5366 [xx];

if automatic commencement mode at the invited MCPTT client is requested, shall include in the SIP INVITE request an Answer-Mode header field with the value "Automatic " according to rules and procedures of IETF RFC 5373 [xx]

requires the definition of a new SDP attribute parameter: "mc_implicit_request"


The following aspects that are included in OMA PCPS have been considered with editor's notes in this P-CR:

-
use of P-Answer-State header in 18x and 2xx responses.

-
use of the "require" modifier and the Priv-Answer-Mode header field for commencement modes.

-
180 (Ringing) not sent reliably.

The following aspects are introduced as general or common procedures referred to from the specific procedures:

-
terminating MCPTT client handling of commencement modes (introduced by this P-CR)

-
terminating MCPTT client SDP Answer generation (introduced by this P-CR)

-
implicit floor control (introduced by a different P-CR in subclause 4.4)

This pCR revises C1-153733 in order to correct editorial mistake and to remove redundant editor’s note. 
4. Proposal

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

<Proposed change in revision marks>
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6
Common procedures

Editor's Note: This subclause will provide any procedures common to the more specific subclauses below. However care needs to be taken to distinguish material that should be in 3GPP TS 24.229, versus material that belongs in the scope of this document.

6.1
Introduction

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

6.2
MCPTT client procedures

6.2.1
SDP offer generation

6.2.2
SDP answer generation

When the MCPTT client receives an initial SDP offer for a MCPTT session, the MCPTT client shall process the SDP offer and shall compose an SDP answer according to 3GPP TS 24.229 [4].

When composing an SDP answer, the MCPTT client:

1)
shall accept the MCPTT speech media stream if offered in the SDP offer and bind the media-level section that identifies MCPTT speech to the corresponding media-floor control entity, as in the SDP offer;
2)
shall set the IP address of the MCPTT client for the accepted media stream and for the accepted media-floor control entity;

Editor’s Note: If the MCPTT client is behind NAT the IP address and port can be a different IP address and port than the one of the MCPTT client depending on NAT traversal method used by SIP/IP Core.

3)
shall include the media-level section for each accepted media from the SDP offer consisting of:

a)
the port number for the media stream selected as specified in 3GPP TS 24.380 [5]; and

Editor’s Note [CT1#94, 6.2.2., #1]: It is assumed that in time a subclause will exist in that document providing a suitable reference for the above.

b)
the codec(s) and media parameters.
4)
shall include the media-level section of the offered media-floor control entity accepted in the SDP answer, if any, consisting of:

a)
an "m=application" line, including the port number for the media-floor control entity selected as specified in 3GPP TS 24.380 [5], the transport protocol and floor control protocol.

Editor’s Note [CT1#94, 6.2.2., #2]: the "floor control protocol" name as mentioned above is TBD.

Editor’s Note [CT1#94, 6.2.2., #3]: the use of preconditions is FFS.

6.2.3
Commencement modes

6.2.3.1
Automatic commencement mode
When performing the automatic commencement mode procedures, the MCPTT client:
1)
shall accept the SIP INVITE request and generate a SIP 2xx  response according to rules and procedures of 3GPP TS 24.229 [4];
2)
shall include the option tag "timer" in a Require header field of the SIP 2xx  response;
3)
shall include value "id" in a Privacy header field of the SIP 2xx  response according to IETF RFC 3325 [14], if anonymity is requested by the Invited MCPTT User;

Editor's Note [CT1#94, 6.2.3., #1]: The use of "id" is FFS.

4)
shall include the g.3gpp.mcptt media feature tag in the Contact header field of the SIP 2xx response; 

5)
shall include the g.3gpp.icsi-ref media feature tag containing the value of "urn:urn-7:3gpp-service.ims.icsi.mcptt" in the Contact header field of the SIP 2xx response;
6)
shall include the Session-Expires header field in the SIP 2xx (OK) response and start the SIP session timer according to IETF RFC 4028 [7], "UAS Behavior". The "refresher" parameter in the Session-Expires header field shall be set to "uas";

7)
shall 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 [4] with the clarifications given in subclause 6.2.2;
8)
 shall send the SIP 200 (OK) response towards the MCPTT server according to rules and procedures of 3GPP TS 24,229 [4]; and
9)
shall interact with the media plane as specified in 3GPP TS 24.380 [5].
When NAT traversal is supported by the MCPTT client and when the MCPTT client is behind a NAT, generation of SIP responses is done as specified in this subclause and as specified in IETF RFC 5626 [15].
6.2.3.2
Manual commencement mode
When performing the manual commencement mode procedures:
1)
if the MCPTT user declines the MCPTT session invitation the MCPTT client shall send a SIP 480 "Temporarily Unavailable" response towards the MCPTT server and not continue with the rest of the steps in this subclause.
The MCPTT 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 [4];
2)
shall include the option tag 'timer' in a Require header of the SIP 180 (Ringing) response;

3)
shall include value "id" in a Privacy header field of the SIP 180 (Ringing) response according to IETF RFC 3325 [14], if anonymity is requested by the Invited MCPTT User;

Editor's Note [CT1#94, 6.2.3.2., #2]: The use of "id" is FFS.

4)
shall include the g.3gpp.mcptt media feature tag in the Contact header field of the SIP 180 (Ringing) response;
5)
shall include the g.3gpp.icsi-ref media feature tag containing the value of "urn:urn-7:3gpp-service.ims.icsi.mcptt" in the Contact header field of the SIP 180 (Ringing) response; and
6)
shall send the SIP 180 (Ringing) response to the MCPTT server.
When sending the SIP 200 (OK) response to the incoming SIP INVITE request, the MCPTT client shall follow the procedures in subclause 6.2.3.1.
When NAT traversal is supported by the MCPTT client and when the MCPTT client is behind a NAT, generation of SIP responses is done as specified in this subclause and as specified in IETF RFC 5626 [15].
* * * * Next Change * * * *

11
Private call

Editor's note: Currently this subclause is proposed to cover private call. It is proposed that emergency private call would also be included in this clause. See 3GPP TS 22.179 [2] subclauses 5.6, 5.7. See 3GPP TS 23.179 [3] subclause 10.7.1
11.1
On-network private call
11.1.1
Private call with floor control

Editor's Note: This covers automatic commencement mode and manual commencement mode.

11.1.1.1
General  
11.1.1.2
MCPTT client procedures
11.1.1.2.1
On-demand private call 
11.1.1.2.1.1
Client originating procedures
Upon receiving a request from a MCPTT user to establish a MCPTT private call the MCPTT client shall generate an initial SIP INVITE request by following the UE originating session procedures specified in 3GPP TS 24.229[4], with the clarifications given below.

The MCPTT client:
1)
shall set the Request-URI of the SIP INVITE request to a public service identity identifying the private call service on the MCPTT server;
2)
shall include value "id" in the Privacy header field according to rules and procedures of IETF RFC 3325 [14], if privacy is requested;
Editor's Note: use of "id" is FFS.
3)
may include a P-Preferred-Identity header field in the SIP INVITE request containing a public user identity as specified in 3GPP TS 24.229 [4];
4)
shall include the g.3gpp.mcptt media feature tag in the Contact header field of the SIP INVITE request according to IETF RFC 3840 [16];  

5)
shall include an Accept-Contact header field containing the g.3gpp.mcptt media feature tag along with the "require" and "explicit" header field parameters according to IETF RFC 3841 [6];

6)
shall include the ICSI value "urn:urn-7:3gpp-service.ims.icsi.mcptt" (coded as specified in 3GPP TS 24.229 [4]), in a P-Preferred-Service-Id header field according to IETF RFC 6050 [9] in the SIP INVITE request;

7)
shall include an Accept-Contact header field with the media feature tag g.3gpp.icsi-ref contain with the value of "urn:urn-7:3gpp-service.ims.icsi.mcptt" along with parameters "require" and "explicit" according to IETF RFC 3841 [6];
8)
shall include an SDP offer in according to 3GPP TS 24,229 [4] with the clarification given in subclause 6.2.1 and with a media stream of the offered media-floor control entity;
9)
if implicit floor control is required shall comply with the conditions specified in subclause 4.4;
10)
shall insert in the SIP INVITE request a MIME resource-lists body with the MCPTT ID of the invited MCPTT user, according to rules and procedures of IETF RFC 5366 [cc];

11)
 if URI is requested to be anonymous and not to be presented to invited MCPTT user, shall, for the URI in the MIME resource-list body, set the "copyControl" attribute to "to", and set the "anonymize" attribute to ‘true’ according to rules and procedures of IETF RFC 5364 [bb]; 

12)
if automatic commencement mode at the invited MCPTT client is requested, shall include in the SIP INVITE request an Answer-Mode header field with the value "Automatic " according to rules and procedures of IETF RFC 5373 [aa];
13)
if manual commencement mode at the invited MCPTT client is requested is requested, shall include in the SIP INVITE request an Answer-Mode header field with the value "Manual " according to rules and procedures of IETF RFC 5373 [aa]; and
Editor's Note [CT1#94, 11.1.1.2.1.1., #1]: The Answer-mode can include a"require" modifier that allows the originating client to request that the terminating client reject the call if the answering policy of the terminating client is different from what was indicated in the request. 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.
14)
shall send SIP INVITE towards the MCPTT server according to 3GPP TS 24.229 [4].
Upon receiving a SIP 183(Session progress) response to the SIP INVITE request the MCPTT client:

1)
may indicate the progress of the session establishment to the inviting MCPTT user.
Editor's Note [CT1#94, 11.1.1.2.1.1., #2]: Caching of the contact information related to the "application session identifier" may need to be specified,
Upon receiving a SIP 200 (OK) response to the SIP INVITE request the MCPTT client:
1)
shall interact with the media plane as specified in 3GPP TS 24.380 [5]; and
2)
shall notify the user that the call has been successfully established.
Editor's Note [CT1#94, 11.1.1.2.1.1., #3]: RFC 4964 provides the ability for the MCPTT caller to send media early prior to the MCPTT callee having answered the call. This requires the MCPTT server to (based on knowledge that the user will answer automatically) sending a 200 (OK) response to the initial SIP invite with the P-Answer-State header set to "Unconfirmed". The media packets are sent from the caller to the MCPTT server and are buffered until the callee send back the 200 (OK) response containing a P-Answer-State header with the value of "Confirmed". It is still to be determined if this header is required in a 200 OK response and whether the UE is able to send media early.
11.1.1.2.1.2
Client terminating procedures
Upon receipt of an initial SIP INVITE request, the MCPTT client shall follow the procedures for termination of multimedia sessions in the IM CN subsystem as specified in 3GPP TS 24.229 [4] with the clarifications below.
The MCPTT client:
Editor's Note [CT1#94, 11.1.1.2.1.2., #1]: There needs to be a check for the max number of sessions the MCPTT client can handle at once

Editor's Note [CT1#94, 11.1.1.2.1.2., #2]: What happens if the MCPTT client determines that there are not enough resources to handle the MCPTT session?
Editor's Note [CT1#94, 11.1.1.2.1.2., #3]: The SIP INVITE could be rejected as follows a) MCPTT client is occupied in another session and cannot handle simultaneous sessions; b) MCPTT client does not have enough resources to handle the call; c) The SIP INVITE requires the terminating client to answer using an answering mode but the client does not support that answering mode; d) any other reason; How the SIP INVITE may be rejected should be handled in a separate subclause.
Editor's Note [CT1#94, 11.1.1.2.1.2., #4]: Caching of the contact information related to the "application session identifier" may need to be specified.
1)
may check if a Resource-Priority header field is included in the incoming SIP INVITE request and may perform further actions outside the scope of this specification to act upon an included Resource-Priority header field as specified in 3GPP TS 24.229 [4];
2)
may display to the MCPTT user the MCPTT address of the inviting MCPTT user;
3)
shall perform the automatic commencement procedures specified in subclause  6.2.3.1 if the following conditions are met:
a)
SIP INVITE request contains an Answer-Mode header field with the value "Automatic"; or
b)
SIP INVITE request does not contain an Answer Mode header field and the policy for answering the call at the invited MCPTT client is to use automatic commencement mode.
4)
shall perform the manual commencement procedures specified in subclause  6.2.3.2 if the following conditions are met:
a)
SIP INVITE request contains an Answer-Mode header field with the value "Manual"; or

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

Editor's Note [CT1#94, 11.1.1.2.1.2., #5]: In 3) and 4), the terminating client may need to check for existence of the "require" modifier, and Priv-Answer-Mode header field may be included instead of Answer-Mode. This is FFS.
* * * * End Changes * * * *
