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1. Introduction
This contributions adds support for IWF private call termination for the IWF in the participating role.

All changes are modifications for the corresponding subclause in TS 24.379. The second and third changes are to add subclauses referred by the subclause in the first change. 
Placeholders for private call parameters are identified by editor's notes.

The fourth change creates a placeholder for the required MCPTT client changes.
Adds general subclause about clause numbering

Adds a reference used in the clause numbering addition above.

2. Reason for Change
Private calls are required for interworking.
3. Conclusions

4. Proposal

It is proposed to agree the following changes to 3GPP TR 24.883.
* * * First Change * * * *
111
Private call
111.1
On-network private call and first-to-answer call
111.1.1
Private call with floor control and first-to-answer call with floor control
111.1.1.3
IWF participating role procedures
111.1.1.3.2
Terminating procedures
Editor's Note:
This subclause is based upon TS 24.379 subclause 11.1.1.3.2.
This subclause covers both on demand session and pre-established session.

Upon receipt of a "SIP INVITE request for terminating participating MCPTT function", the IWF in the role of a participating server:
1)
shall respond with a SIP 606 (not acceptable) with a body part as described in subclause 111.6.x if the IWF does not support one or more parameters of the call as described in subclause 111.6.y;
Editor's note:
Add subclauses 111.6.x and 111.6.y. 
2)
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 MCPTT function" with a SIP 500 (Server Internal Error) response. The IWF may include a Retry-After header field to the SIP 500 (Server Internal Error) response as specified in IETF RFC 3261 [24], and shall not continue with the rest of the steps;
NOTE:
If the received SIP INVITE request contains an emergency indication set to a value of "true", the IWFcan choose to accept the request.
3)
shall check the presence of the isfocus media feature tag in the URI of the Contact header field and if it is not present then the IWF shall reject the request with a SIP 403 (Forbidden) response with the warning text set to "104 isfocus not assigned" in a Warning header field as specified in 3GPP TS 24.379 [81], subclause 4.4, and shall not continue with the rest of the steps;

4)
the IWF may reject the "SIP INVITE request for terminating participating MCPTT function" with a SIP 403 (Forbidden) response including warning text set to "127 user not authorised to be called in private call" in a Warning header field as specified in 3GPP TS 24.379 [81], subclause 4.4;
5)
shall perform the automatic commencement procedures specified in subclause 106.3.2.2.5.1 and according to IETF RFC 5373 [18] if one of the following conditions are met:
a)
"SIP INVITE request for terminating participating MCPTT function" contains an Answer-Mode header field with the value "Auto";

b)
"SIP INVITE request for terminating participating MCPTT function" does not contain an Answer-Mode header field and the Answer-Mode for the IWF's user as per subclause 107.3.3 or subclause 107.3.4 is set to "auto-answer"; or
Editor's note: Add subclauses 107.3.3 and 107.3.4.
c)
"SIP INVITE request for terminating participating MCPTT function" contains a Priv-Answer-Mode header field with the value "Auto"; and

6)
shall perform the manual commencement procedures specified in subclause 106.3.2.2.6.1 and according to IETF RFC 5373 [18] if either of the following conditions are met:
a)
"SIP INVITE request for terminating participating MCPTT function" contains an Answer-Mode header field with the value "Manual";

b)
"SIP INVITE request for terminating participating MCPTT function" does not contain an Answer-Mode header field and Answer-Mode for the IWF user as per subclause 7.3.3 or subclause 7.3.4 is set to "manual-answer"; or
Editor's note: Add subclauses 107.3.3 and 107.3.4.
c)
"SIP INVITE request for terminating participating MCPTT function" contains a Priv-Answer-Mode header field with the value "Manual".
* * * Second Change * * * *
106.3.2.2.5.1
General

When receiving a "SIP INVITE request for terminating participating MCPTT function" that requires automatic commencement mode, the IWF shall perform the actions specified in subclause 106.3.2.2.5.2.
Editor's note:
Add subclause 106.3.2.2.5.2.
* * * Third Change * * * *
106.3.2.2.6.1
General

When receiving a "SIP INVITE request for terminating participating MCPTT function" that requires manual commencement mode, the IWF shall perform the actions specified in subclause 106.3.2.2.6.2.
Editor's note:
Add subclause 106.3.2.2.6.2.
* * * Fourth Change * * * *
111.1.1.x
MCPTT client changes
The MCPTT client requires changes to support private calls terminating in the IWF.
Editor's note: add changes required to support private call parameter negotiation.
* * * Fifth Change * * * *
4.x
Clause numbering

Content in the present document that is based upon other, existing MC services specifications will be placed into specially numbered clauses as shown below.

For content based upon 3GPP TS 24.379 [81] will be placed in clauses starting with number 1xx. The clause number in the present document will be 100 plus the 3GPP TS 24.379 [81] clause number. Subclauses in the present document will add 100 to the most significant digits of the 3GPP TS 24.379 [81] subclause on which the present document's subclause content is based. 

For example, content from 3GPP TS 24.379 [81] subclause 11.1.5 will be in subclause 111.1.5 the present document.
Similarly, content based upon 3GPP TS 24.380 [83] will be placed in clauses starting with 2xx, content based upon 3GPP TS 24.282 [82] will be placed in clauses starting with 3xx and content based upon 3GPP TS 24.481 [31] will be placed in clauses starting with 4xx.
* * * Sixth Change * * * *
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