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1 Introduction

The TR is missing references from the reference list; many of them already used in the body of the TR. Also old SDP RFC is used.

2 Proposals
Extend the reference list with the proposal below

 [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"

[36]
IETF RFC 3262: "Reliability of Provisional Responses in the Session Initiation Protocol (SIP)".

 [37]
IETF RFC 3311: "The Session Initiation Protocol (SIP) UPDATE Method".

 [38]
IETF RFC 3312: "Integration of Resource Management and Session Initiation Protocol (SIP)".

 [39]
3GPP TS 23.108: "Mobile radio interface layer 3 specification core network protocols; Stage 2".

 [40]
IETF RFC 3550: "RTP: A Transport Protocol for Real-Time Applications".

 [41]
RFC 3389 (September 2002): "Real-time Transport Protocol (RTP) Payload for Comfort Noise".

 [42]
IETF draft-ietf-avt-rtp-amr-bis-06 (September 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".

 [43]
3GPP TS 26.103: "Speech codec list for GSM and UMTS".

 [44]
3GPP TS 23.091: "Explicit Call Transfer (ECT) Supplementary Service; Stage 2".

 [45]
3GPP TR 29.863: "Feasibility Study for the multimedia interworking between the IM CN subsystem and CS Networks".

 [46]
3GPP TS 29.164: "Interworking between the 3GPP CS domain with BICC or ISUP as signalling protocol and external SIP-I networks".

 [47]
3GPP TS 23.202: "Circuit switched data bearer services".

 [48]
3GPP TS 29.007:
"General requirements on Interworking between the Public Land Mobile Network (PLMN) and the Integrated Services Digital Network (ISDN) or Public Switched Telephone Network (PSTN)".

 [49]
3GPP TS 23.146: "Technical realization of facsimile group 3 non-transparent".

 [50]
ITU-T Recommendation V.152: "Procedures for supporting Voice-Band Data over IP Networks".
[aa]
IETF RFC 3640: “RTP Payload Format for Transport of MPEG-4 Elementary Streams”
[bb]
IETF RFC 4103: “RTP Payload for Text Conversation”

5.7.2
Supported Codecs and Call Events

Editor's Note:
this section shall define support for CSD, Fax, DTMF, VBD and pseudo-codecs. Additional codecs may be added as necessary.

The following list references the specifications that define the RTP framing procedures that may be supported on the Nb interface for the listed codec when SIP-I is the signalling protocol on the Nc interface.  

Table 5.7.2.1 Supported payload types

	Payload Type Name
	References
	Applicable Codecs

	audio/AMR
	draft-ietf-avt-rtp-amr-bis-06.txt [42]
3GPP TS 29.163 Annex B [25]
	all AMR codecs in 3GPP TS 26.103 [43]

	audio/AMR-WB
	draft-ietf-avt-rtp-amr-bis-06.txt [42]
3GPP TS 29.163 Annex B [25]
	all AMR-WB codecs in 3GPP TS 26.103 [43]

	audio/GSM
	RFC 3551 [28]
	GSM FR

	audio/GSM-EFR
	RFC 3551 [28]
	GSM EFR

	audio/PCMA
	RFC 3551 [28]
	G.711

	audio/PCMU
	RFC 3551 [28]
	G.711

	audio/CLEARMODE
	RFC 4040 [34]
	clear channel data and MUME/SCUDIF

	audio/telephone-event
	draft-ietf-avtrfc2833bis-15 [35] FFS
	DTMF

	audio/CN
	RFC 3389 [41]
	comfort noise for CODECs that do not support as part of the CODEC itself such as G.711


Editor's Note:
Support for MUME may require additions to IETF RFC 4040 [34] since there is currently no mechanism to signal MUME in SDP.

The following codecs are candidates for consideration to enable interoperation with non-3GPP SIP-I networks.  

Table 5.7.2.2 Additional payload types

	Payload Type Name
	References
	Applicable Codecs

	image/T38
	ITU-T Rec. T.38
	G3 facsimile

	audio/T38
	ITU-T Rec. T.38
	G3 facsimile

	text/T140
	RFC 4103 [bb]
ITU-T Rec. T.140
	GTT

	text/RED
	RFC 4102

RFC 2198
	Redundant GTT

	audio/G723
	RFC 3551
	MUME audio option G.723.1

	audio/G729

audio/G729D

audio/G729E
	RFC 3551
	NGN codecs

	video/H261
	RFC 3551
	MUME video option H.261

	video/H263
	RFC 3551
	MUME video option H.263

	video/mpeg4-generic
	RFC 3640 [aa]
	MUME video option mpeg4


Editor's Note:
It is for further study which of the above codecs which may also to be supported on the Nb interface when SIP-I is the signalling protocol on the Nc interface.

