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1. Introduction
This contribution corrects misimplementation of P-Preferred-Service header field.

2. Reason for Change
According to RFC 6050, P-Preferred-Service header field carries information that is declarative service identification.
In some place in 3GPP TS 24.379, P-Preferred-Service-Id header is included but per RFC 6050, it shall be P-Preferred-Service header field. This contribution proposes to correct P-Preferred-Service-Id header to P-Preferred-Service header.
In subclause 6.3.3.1.1, it is described the operation of the controlling MCPTT function for SDP offer generation but it is said to set the IP address of participating MCPTT function which is not correct. It is corrected to set the IP address of controlling MCPTT function.

According to 3GPP TS 23.179, participating function is responsible for handing media for its MCPTT users for transcoding, recording or lawful interception. But 3GPP TS 23.179 does not specified the media path shall be through participating function. Current 3GPP TS 24.379 does not say about the condition and make participating function to be involved always to the media between controlling function and MCPTT client and it may induce more delay. So, it is corrected for PF to set IP address of media with its IP address when required for recording, lawful interception or others. 
3. Proposal

It is proposed to agree the following changes to 3GPP TS 24.379 v0.4.1
* * * First Change * * * *

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, if privacy is requested, include the value "id" in the Privacy header field according to 3GPP TS 24.229 [4];
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 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 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 6.4;
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 [20];

11)
 if the URI is requested to be anonymous and not to be presented to the 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 [19]; 

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 "Auto" according to the rules and procedures of IETF RFC 5373 [18];

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 the rules and procedures of IETF RFC 5373 [18]; 
Editor's Note [CT1#94, C1-153762]: 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 contain an "application/vnd.3gpp.mcptt-info" MIME body with the <mcpttinfo> element containing the <mcpttclient-Params> element with the <session-type> element set to a value of "chat"; and

15)
shall send SIP INVITE request 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.
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, C1-153762]: 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.
* * * Next Change * * * *

6.3.2
Participating MCPTT Function
6.3.2.1
Requests initiated by the served MCPTT user

Editor's Note [CT1#94, C1-153763]: Updates to SDP offer/answer will need to be made to cover floor control queuing, priority, and implicit floor control.

6.3.2.1.1
SDP offer generation
6.3.2.1.1.1
On-demand session

NOTE:
This subclause is referenced from other subclauses.

The SDP offer is generated based on the received SDP offer. The SDP offer generated by the participating MCPTT function:

1)
shall contain only one SDP media-level section for MCPTT speech as contained in the received SDP offer; and

2)
shall contain an SDP media-level section for one media-floor control entity, if present in the received SDP offer.

When composing the SDP offer according to 3GPP TS 24.229 [4], the participating MCPTT function:

1)
shall replace the IP address and port number for the offered media stream in the received SDP offer with the IP address and port number of the participating MCPTT function if required for call recording, lawful interception or other reasons; and

2)
shall replace the IP address and port number for the offered media floor control entity, if any, in the received SDP offer with the IP address and port number of the participating MCPTT function;

* * * Next Change * * * *

6.3.2.1.2
SDP answer generation
6.3.2.1.2.1
On-demand session
When composing the SDP answer according to 3GPP TS 24.229 [4], the participating MCPTT function:

1.
shall replace the IP address and port number in the received SDP answer with the IP address and port number of the participating MCPTT function, for the accepted media stream in the received SDP offer if required for call recording, lawful interception or other reasons; and,

2.
shall replace the IP address and port number in the received SDP answer with the IP address and port number of the participating MCPTT function, for the accepted media-floor control entity, if present in the received SDP offer.

* * * Next Change * * * *

6.3.3.1.1
SDP offer generation

The SDP offer is generated based on the received SDP offer. The SDP offer generated by the controlling MCPTT function:

1)
shall contain only one SDP media-level section for MCPTT speech as contained in the received SDP offer; and

2)
shall contain an SDP media-level section for one media-floor control entity, if present in the received SDP offer. 

When composing the SDP offer according to 3GPP TS 24.229 [4], the controlling MCPTT function:

1)
shall replace the IP address and port number for the offered media stream in the received SDP offer with the IP address and port number of the controlling MCPTT function; and

2)
shall replace the IP address and port number for the offered media floor control entity, if any, in the received SDP offer with the IP address and port number of the controlling MCPTT function;

When receiving a SIP request to add a new MCPTT user to an existing MCPTT Session, the controlling MCPTT function shall offer the media stream currently used in the MCPTT session.
