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1. Introduction
Use of Preconditions is described in TS 23.231 for cases when the Access bearer assignment has not been completed or the RTP termination has not be connected or fully configured. The stage 2 specification simply describes on a high level that SIP precondition method shall be indicated. Stage 3 specification endorses the RFC 3312 which defines the precondition method however this RFC has been replaced by RFC 4032. 
2. Reason for Change
The endorsement of RFC 3312 is not complete and the association of the use of this RFC and the requirements defined in stage 2 are not clearly linked.
3. Conclusions

<Conclusion part (optional)>

4. Proposal

It is proposed to agree the following changes to 3GPP TS 29.231 v1.2.0
* * * First Change * * * *
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4.2
Call control protocol (Nc interface)

Table 4.2.1: Call Control Protocol Specifications

	Identification
	Protocol Name
	
Amendments and Endorsements to referenced specifications
	Support

	Q.1912.5 [4]
	Interworking between Session Initiation Protocol (SIP) and Bearer Independent Call Control protocol or ISDN User Part
	See Clause 5.1
	Mandatory

	RFC 2046 [5]
	Multipurpose Internet Mail Extensions (MIME) Part Two: Media Types
	See Clause 5.2
	Mandatory

	RFC 3966 [6]
	URLs for Telephone Calls
	See Clause 5.4
	Mandatory

	RFC 2976 [7]
	The SIP INFO Method
	See Clause 5.5
	Mandatory

	RFC 3204 [8]
	MIME media types for ISUP and QSIG Objects
	See Clause 5.6
	Mandatory

	RFC 3261 [9]
	SIP: Session Initiation Protocol
	See Clause 5.7
	Mandatory

	RFC 3262 [10]
	Reliability of Provisional Responses in the Session Initiation Protocol (SIP)
	See Clause 5.8
	Mandatory

	RFC 3264 [11]
	An Offer/Answer Model with the Session Description Protocol (SDP)
	See Clause 5.9
	Mandatory

	RFC 3311 [12]
	The Session Initiation Protocol UPDATE Method
	See Clause 5.10
	Mandatory

	RFC 4032 [xx]
	Update to the Session Initiation Protocol (SIP) Preconditions Framework
	See Clause 5.11
	Mandatory

	RFC 3323 [14]
	A Privacy Mechanism for the Session Initiation Protocol (SIP)
	See Clause 5.12
	Mandatory

	RFC 3325 [15]
	Private Extensions to the Session Initiation Protocol (SIP) for Asserted Identity within Trusted Networks 
	See Clause 5.13
	Mandatory

	RFC 3326 [16]
	The Reason Header Field for the Session Initiation Protocol (SIP)
	See Clause 5.14
	Mandatory

	RFC 4566 [17]
	SDP: Session Description Protocol
	See Clause 5.3
	Mandatory

	RFC 4028 [24]
	Session Timers in the Session Initiation Protocol (SIP)
	See Clause 5.15
	Optional

	
	
	
	


* * * Next Change * * * *

5.11
RFC 4032 (Update to the Session Initiation Protocol (SIP) Preconditions Framework)

Precondition shall be indicated as defined in RFC 3312 [13] by an MSC when the Access Bearer Assignment is not complete or by a (G)MSC when a RTP termination has not be defined or fully configured. This is achieved by use of the Precondition for QoS which shall be supported using the segmented status type as well as the strength-tag value "mandatory" for the local segment and the strength-tag value "optional" for the remote segment.
Editor's Note: Complete amendment and endorsement of RFC 3312 is still FFS.
