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5.2.2
Initial profile

Table 5.2.2.1 lists the references defined to be part of the Profile C of ITU-T Recommendation Q.1912.5 [16] that are applicable to the SIP-I based Nc interface. Additional elements of the 3GPP SIP-I profile are identified elsewhere within this TR.

It should be noted that some referenced RFCs provide additional procedures that are not applicable to the SIP-I based Nc interface (e.g., only ISUP MINE is required from RFC 3204 [54], QSIG is not within the scope of this 3GPP SIP-I profile). More explicit applicability will be provided by the SIP-I based Nc technical specification.

Table 5.2.2.1
Initial profile for SIP-I based Nc interface

	Reference
	ITU-T Profile C Status
	SIP-I based Nc Status

	RFC 2046 (November 1996) "Multipurpose Internet Mail Extensions (MIME) Part Two: Media Types". [52]
	Supported
	Supported

	RFC 2976 (October 2000): "The SIP INFO method". [53]
	Supported
	Supported

	RFC 3204 (December 2001) "MIME media types for ISUP and QSIG Objects". [54]
	Supported
	Supported

	RFC 3261 (June 2002): "SIP: Session Initiation Protocol". [30]
	Supported
	Supported

	RFC 3262 (June 2002): "Reliability of provisional responses in Session Initiation Protocol (SIP)". [36]
	Optional
	Supported

	RFC 3264 (June 2002): "An Offer/Answer Model with Session Description Protocol (SDP)". [27]
	Supported
	Supported

	RFC 3311 (September 2002): "The Session Initiation Protocol (SIP) UPDATE method". [37]
	Supported
	Supported

	RFC 3312 (October 2002): "Integration of resource management and Session Initiation Protocol (SIP)". [38]
	Optional
	Supported

	RFC 3323 (November 2002): "A Privacy Mechanism for the Session Initiation Protocol (SIP)". [55]
	Supported
	Supported



	RFC 3325 (November 2002): "Private Extensions to the Session Initiation Protocol (SIP) for Network Asserted Identity within Trusted Networks". [56]
	Supported
	Supported

	RFC 3326 (December 2002): "The Reason Header Field for the Session Initiation Protocol (SIP)". [57]
	Supported
	Supported

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

	RFC 3966 (December 2004): "The tel URI for Telephone Numbers". [31]
	Supported

Replaces RFC 2806
	Supported

	RFC 4566 (July 2006): "SDP: Session Description Protocol". [58]
	Supported

Replaces RFC 2327 [26]
	Supported


The IETF has replaced or updated RFC 2806 with RFC 3966 [31] and RFC 2327 [27] with RFC 4566 [58] as shown in the table.

5.2.3.3.1
Requirements on Nc Interface
Support for preconditions as defined in IETF RFC 3312 [38] is optional as defined in Profile C of ITU-T Q.1912.5 [16]. The use of SIP Preconditions as described in IETF RFC 3312 [38] and in IETF RFC4032 [74] will allow a 3GPP node to progress the call forward before all originating side bearer resources have been allocated. This may occur for several reasons, including:

-
Incoming ISUP IAM indicates COT on previous call leg or COT on this circuit

-
Incoming BICC

-
Originating RANAP is waiting for the network determined Selected Codec and Available Codec List.

The called subscriber shall not be alerted until preconditions have been satisfied.

To support these conditions, support for SIP Preconditions shall be mandatory within the 3GPP SIP-I Profile. Only the segmented procedures shall be used in order to allow each SIP end point to control its own precondition status.

Negotiating support of preconditions shall be done using the following rules:

-
A 3GPP node originating a SIP initial INVITE request when preconditions have not been satisfied shall advertise its preference of preconditions via a SUPPORTED header containing the tag "precondition". The MSC-S shall encode preconditions in the SDP offer as specified in IETF RFC 3312 [38].
-
When a 3GPP node receives a SIP initial INVITE request with the tag "precondition" in the SUPPORTED header, it shall include a REQUIRE or SUPPORTED header with tag "precondition" when sending a provisional 101 -199 response. The 3GPP node is then allowed to use preconditions as defined in IETF RFC 3312 [38].

-
A 3GPP Node receiving a provisional 101 -199 response to a SIP initial INVITE request with tag "precondition" is then allowed to use preconditions as defined in IETF RFC 3312 [38].

-  
-
An MSC-S receiving a SIP re-INVITE request or UPDATE request during a confirmed dialog with a REQUIRE header containing the tag "precondition" shall reject re-INVITE request with a 420 'Bad Extension' final response.
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