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Abstract

TR 29.802 is missing a number of basic references for SIP-I from ITU-T Rec. Q.1912.5.  The IETF has also updated tel, preconditions and SDP in RFC 3966, RFC 4032 and RFC 4566, respectively.

First Change

2
References

Editor's Note:
Both CT3 and CT4 may agree additions to this Clause independently.

The following documents contain provisions which, through reference in this text, constitute provisions of the present document.

· References are either specific (identified by date of publication, edition number, version number, etc.) or non‑specific.

· For a specific reference, subsequent revisions do not apply.

· For a non-specific reference, the latest version applies. In the case of a reference to a 3GPP document (including a GSM document), a non-specific reference implicitly refers to the latest version of that document in the same Release as the present document.

 [1]
3GPP TR 21.905: "Vocabulary for 3GPP Specifications".

 [2]
3GPP TS 23.205: "Bearer independent circuit-switched core network; Stage 2".

 [3]
3GPP TS 29.205: "Application of Q.1900 series to Bearer Independent circuit-switched network architecture; Stage 3".

 [4]
ITU-T Recommendation Q.1902.1: "Bearer Independent Call Control CS2 Functional Description"

 [5]
ITU-T Recommendation Q.1902.2: "Bearer Independent Call Control CS2 General Functions of Messages and Signals"

 [6]
ITU-T Recommendation Q.1902.3: "Bearer Independent Call Control CS2 Formats and Codes"

 [7]
ITU-T Recommendation Q.1902.4: "Bearer Independent Call Control CS2 Basic Call Procedures"

 [8]
ITU-T Recommendation Q.1902.5: "Exceptions to the Application Transport Mechanism in the Context of Bearer Independent Call Control"

 [9]
ITU-T Recommendation Q.1902.6: “Generic Signalling Procedures and Support of the ISDN User Part Supplementary Services with the Bearer Independent Call Control Protocol

 [10]
3GPP TS 29.232: "Media Gateway Controller (MGC) - Media Gateway (MGW) interface; Stage 3".

 [11]
ITU-T Recommendation H.248.1 (05/2002): "Gateway control protocol". Version 2

 [12]
3GPP TS 29.414: "Core Network Nb data transport and transport signalling". IETF

 [13]
3GPP TS 29.415: "Core network Nb data transport and transport signalling".

 [14]
3GPP TS 25.414: "UTRAN Iu interface data transport and transport signalling".

 [15]
3GPP TS 25.415: "UTRAN Iu interface user plane protocols".

 [16]
ITU-T Recommendation Q.1912.5: "Interworking between Session Initiation Protocol (SIP) and Bearer Independent Call Control protocol or ISDN User Part".   

 [17]
3GPP TS 23.153: "Out of band transcoder control; Stage 2".

 [18]
IETF RFC 3267: " Real-Time Transport Protocol (RTP) Payload Format and File Storage Format for the Adaptive Multi-Rate (AMR) and Adaptive Multi-Rate Wideband (AMR-WB) Audio Codecs".

 [19]
ITU-T Recommendation Q.1970: "BICC IP Bearer Control protocol".

 [20]
3GPP TS 29.332: "Media Gateway Control Function (MGCF) - IM Media Gateway (IM-MGW); Mn interface".

 [21]
3GPP TS 23.228: "IP Multimedia Subsystem (IMS); Stage 2".

 [22]
3GPP TS 23.172: "Technical realization of Circuit Switched (CS) multimedia service; UDI/RDI fallback and service modification; Stage 2".

 [23]
IETF RFC 4168: "The Stream Control Transmission Protocol (SCTP) as a Transport for the Session Initiation Protocol (SIP)".

 [24]
3GPP TS 24.229: " Internet Protocol (IP) multimedia call control protocol based on Session Initiation Protocol (SIP) and Session Description Protocol (SDP); Stage 3".

 [25]
3GPP TS 29.163: "Interworking between the IP Multimedia (IM) Core Network (CN) subsystem and Circuit Switched (CS) networks"

 [26]
IETF RFC 2327: "SDP: Session Description Protocol"

 [27]
IETF RFC 3264: "An Offer/Answer Model with the Session Description Protocol (SDP)"

 [28]
IETF RFC 3551: "RTP Profile for Audio and Video Conferences with Minimal Control"

 [29]
IETF RFC 3555: "MIME Type Registration of RTP Payload Formats"

 [30]
IETF RFC 3261: "SIP: Session Initiation Protocol"

 [31]
IETF RFC 3966: "The tel URI for Telephone Numbers"

 [32]
3GPP TS 33.210: "Network Domain Security; IP network layer security"

 [33]
3GPP TS 26.235: " Packet switched conversational multimedia applications; Default codecs"

 [34]
IETF RFC 4040: " RTP Payload Format for a 64 kbit/s Transparent Call"

 [35]
IETF draft-ietf-avt-rfc2833bis-15 "RTP Payload for DTMF Digits, Telephony Tones and Telephony Signals"
[aa]
IETF RFC 2046 (November 1996): "Multipurpose Internet Mail Extensions (MIME) Part Two: Media Types".

[cc]
IETF RFC 2976 (October 2000): "The SIP INFO method".

[dd]
IETF RFC 3204 (December 2001): “MIME media types for ISUP and QSIG Objects”.

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

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

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

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

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

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

[mm]
IETF RFC 4032 (March 2005): "Update to the Session Initiation Protocol (SIP) Preconditions Framework".

[nn]
IETF RFC 4566 (July 2006):  "SDP: Session Description Protocol".

Editor's Note:
this section to be completed as and when content is added. Clause numbers are subject to change until such time as the document is approved at version 7.0.0

Last Change

5.2
Definition of SIP-I Profile

Editor's Note:
Changes to this Clause need to be agreed within CT4.

The main objective of this Technical Report is to provide a SIP-I based Nc interface that can suitably interwork with external SIP-I based signalling networks.  These SIP-I based signalling networks are already prevalent in many fixed‑line operator networks and transit networks today.  The networks utilise the SIP profile that is defined by ITU-T Recommendation Q.1912.5 [16] Profile C which employs full ISUP encapsulation.  

In order to ease interworking and improve convergence between fixed implementations and mobile implementations, the SIP-I based Nc interface shall be based on ITU-T Recommendation Q.1912.5 [16] Profile C.

Editor's Note:
extensions to this base profile, in order to provide additional capabilities provided by a BICC-based Nc interface or to provide interworking with existing 3GPP interfaces, are FFS.

5.2.0 Initial profile

Table 5.2.0 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 profile are identified elsewhere within this TR.
Table 5.2.0
Initial profile for SIP-I based Nc interface
	Reference
	Status

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

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

	RFC 3204 (December 2001) “MIME media types for ISUP and QSIG Objects”. [dd]
	Supported

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

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

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

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

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

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

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

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

	RFC 3966 (December 2004): "The tel URI for Telephone Numbers". [31]
	Supported
Replaces RFC 2806

	RFC 4032 (March 2005): "Update to the Session Initiation Protocol (SIP) Preconditions Framework". [mm]
	Optional
Updates RFC 3312 [hh]

	RFC 4566 (July 2006):  "SDP: Session Description Protocol". [nn]
	Supported
Replaces RFC 2327 [26]


The IETF has replaced or updated RFC 2806, RFC 3312 [hh] and RFC 2327 [27] with RFC 3966 [31], RFC 4032 [mm] and RFC 4566 [nn], respectively, as shown in the table.















































































































