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Abstract

We propose an expanded reference list for clause 2 and additional text in clause 5.2 of TR 29.802 to describe a proposal for the 3GPP SIP-I profile and to provide a list of potential extensions to be investigated.
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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

Second Change

5.2
Definition of SIP-I Profile

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.

5.2.1 Core SIP-I profile

Table 1 lists the core elements of the 3GPP SIP-I profile.  It is FFS how best to describe the expected degree of conformance to each specification.
Table 1 Core 3GPP SIP-I Profile

	draft-ietf-iptel-tel-np-10 (May 2006) “Number Portability Parameters for the “tel” URI”.

	draft-ietf-sip-acr-code-02 (June 2006): "Rejecting Anonymous Requests in the Session Initiation Protocol (SIP)".

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

	RFC 2960 (October 2000) “Stream Control Transmission Protocol”.

	RFC 2976 (October 2000): "The SIP INFO method".

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

	RFC 3261 (June 2002): "SIP: Session Initiation Protocol".

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

	RFC 3263 (June 2002): " Session Initiation Protocol (SIP): Locating SIP Servers".

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

	RFC 3309 (September 2002) “Stream Control Transmission Protocol (SCTP) Checksum Change”.

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

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

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

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

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

	RFC 3550 (July 2003) “RTP: A Transport Protocol for Real-Time Applications”.

	RFC 3966 (December 2004): "The tel URI for Telephone Numbers".

	RFC 4028 (April 2005): "Session Timers in the Session Initiation Protocol (SIP)".

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

	RFC 4168 (October 2005) “The Stream Control Transmission Protocol (SCTP) as a Transport for the Session Initiation Protocol (SIP)”.

	RFC 4244 (November 2005): "An Extension to the Session Initiation Protocol (SIP) for Request History Information".

	RFC 4320 (January 2006): "Actions Addressing Identified Issues with the Session Initiation Protocol's (SIP) Non-INVITE Transaction".

	RFC 4412 (February 2006) “Communications Resource Priority for the Session Initiation Protocol (SIP)”.

	RFC 4458 (January 2006): "Session Initiation Protocol (SIP) URIs for Applications such as Voicemail and Interactive Voice Response (IVR)".

	RFC 4566 (July 2006):  "SDP: Session Description Protocol".


5.2.2
Potential 3GPP SIP-I profile extensions

Table 2 lists potential extensions to the 3GPP SIP-I profile for consideration during the development of the technical report.

Table 2 Potential 3GPP SIP-I profile extensions

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

	RFC 3455 (January 2003): "Private Header (P-Header) Extensions to the Session Initiation Protocol (SIP) for the 3rd-Generation Partnership Project (3GPP)".

	RFC 3556 (July 2003): "Session Description Protocol (SDP) Bandwidth Modifiers for RTP Control Protocol (RTCP) Bandwidth".

	RFC 3581 (August 2003): "An Extension to the Session Initiation Protocol (SIP) for Symmetric Response Routing".

	RFC 3761 (April 2004): "The E.164 to Uniform Resource Identifiers (URI) Dynamic Delegation Discovery System (DDDS) Application (ENUM)".

	RFC 3841 (August 2004): "Caller Preferences for the Session Initiation Protocol (SIP)"


5.2.3
Additional SIP references for review
Table 3 lists additional SIP references applicable to IMS that should be explicitly examined during the development of the technical report.

Table 3 Additional SIP references
	RFC 3388 (December 2002): "Grouping of Media Lines in Session Description Protocol".

	RFC 3420 (November 2002): "Internet Media Type message/sipfrag".

	RFC 3524 (April 2003): "Mapping of Media Streams to Resource Reservation Flows".

	RFC 3840 (August 2004): "Indicating User Agent Capabilities in the Session Initiation Protocol (SIP)"


5.2.4
Bearer plane profile
Table 4 lists the core elements of the 3GPP SIP-I bearer plane profile.  It is FFS how best to describe the degree of conformance to these specifications. 

Table 4 Bearer plane profile
	3GPP TS 26.103: "Speech codec list for GSM and UMTS".

	3GPP TS 26.110: "Codec for circuit switched multimedia telephony service; General description".

	3GPP TS 26.235: "Packet switched conversational multimedia applications; Default codecs".

	3GPP TS 26.236: "Packet switched conversational multimedia applications; Transport protocols".

	draft-ietf-avt-rfc2833bis-15 (June 2006) "RTP Payload for DTMF Digits, Telephony Tones and Telephony Signals".

	draft-ietf-avt-rtp-amr-bis-05 (August 2006) “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”.

	ITU-T Recommendation T.120: "Data protocols for multimedia conferencing".

	ITU-T Recommendation T.140: "Protocol for multimedia application text conversation".

	ITU-T Recommendation T.38: "Procedures for real-time Group 3 facsimile communication over IP networks".

	RFC 2198 (September 1997): "RTP Payload for Redundant Audio Data". 

	RFC 2833 (May 2000): "RTP Payload for DTMF Digits, Telephony Tones and Telephony Signals".

	RFC 3398 (September 2002): “Real-time Transport Protocol (RTP) Payload for Comfort Noise”.

	RFC 3551 (July 2003): “RTP Profile for Audio and Video Conferences with Minimal Control”.

	RFC 3555 (July 2003): "MIME Type Registration of RTP Payload Formats".

	RFC 3640 (November 2003): "RTP Payload Format for Transport of MPEG-4 Elementary Streams".

	RFC 4040 (April 2005): “RTP Payload Format for a 64 kbit/s Transparent Call”.

	RFC 4102 (June 2005): "Registration of the text/red MIME Sub-Type".

	RFC 4103 (June 2005): "RTP Payload for Text Conversation".

	RFC 4145 (September 2005): "TCP-Based Media Transport in the Session Description Protocol (SDP)".


5.2.5
Core services profile
Table 5 lists the core services references for the 3GPP SIP-I profile.

Table 5 Core services profile
	3GPP TS 23.153: "Out of band transcoder control; Stage 2".

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

	3GPP TS 23.226: "Global Text Telephony (GTT); Stage 2".


5.2.6
Potential 3GPP SIP-I services profile extensions

Table 6 lists potential extensions to the 3GPP SIP-I services profile for consideration during the development of the technical report.

Table 6 Potential 3GPP SIP-I services profile extensions

	draft-ietf-sip-location-conveyance-03 (June 2006) "Session Initiation Protocol Location Conveyance".

	RFC 3515 (April 2003): "The Session Initiation Protocol (SIP) REFER method".

	RFC 3891 (September 2004): "The Session Inititation Protocol (SIP) "Replaces" Header".

	RFC 3892 (September 2004): "The Session Initiation Protocol (SIP) Referred-By Mechanism".

	RFC 3911 (October 2004): "The Session Inititation Protocol (SIP) "Join" Header".

	RFC 4119 (December 2005) "A Presence-based GEOPRIV Location Object Format".


5.2.7
Additional SIP services references for review

Table 7 lists additional SIP services references applicable to IMS that should be explicitly examined during the development of the technical report.

Table 7 Additional SIP services references

	3GPP TS 23.167: "IP Multimedia Subsystem (IMS) emergency session; Stage 2".

	3GPP TS 24.141: "Presence service using the IP Multimedia (IM) Core Network (CN) subsystem; Stage 3".

	3GPP TS 24.147: "Conferencing using the IP Multimedia (IM) Core Network (CN) subsystem; Stage 3".

	draft-ietf-ecrit-service-urn-04 (August 2006): "A Uniform Resource Name (URN) for Services ".

	draft-ietf-simple-event-list-07 (December 2004): "A Session Initiation Protocol (SIP) Event Notification Extension for Resource Lists".

	draft-ietf-sipping-conference-package-12 (July 2005): "A Session Initiation Protocol (SIP) Event Package for Conference State".

	RFC 3265 (June 2002): “Session Initiation Protocol (SIP) Specific Event Notification”.

	RFC 3428 (December 2002): "Session Initiation Protocol (SIP) Extension for Instant Messaging".

	RFC 3680 (March 2004): "A Session Initiation Protocol (SIP) Event Package for Registrations".

	RFC 3842 (August 2004) "A Message Summary and Message Waiting Indication Event Package for the Session Initiation Protocol (SIP)"

	RFC 3856 (August 2004): "A Presence Event Package for the Session Initiation Protocol (SIP)".

	RFC 3857 (August 2004): "A Watcher Information Event Template Package for the Session Initiation Protocol (SIP)".

	RFC 3861 (August 2004): "Address Resolution for Instant Messaging and Presence".

	RFC 3903 (October 2004): "An Event State Publication Extension to the Session Initiation Protocol (SIP)".


5.2.8
3GPP SIP-I core security profile
Table 8 lists the core security references for the 3GPP SIP-I profile.

Table 8 Core 3GPP SIP-I security profile
	3GPP TS 33.102: "3G Security; Security architecture".

	3GPP TS 33.210: "IP Network Layer Security".

	RFC 2401 (November 1998): "Security Architecture for the Internet Protocol".

	RFC 2404 (November 1998) “IP Encapsulating Security Protocol”.

	RFC 2409 (November 1998) “The Internet Key Exchange IKE”.

	RFC 2451 (November 1998) “The ESP CBC-Mode Cipher Algorithms”.

	RFC 3602 (September 2003) “The AES-CBC Cipher Algorithms and Its Use With IPsec”.

	RFC 4306 (December 2005) “Internet Key Exchange (IKEv2) Protocol”.

















































































































