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Abstract 

This contribution proposes to update the TR 29.802 with the list of codecs to be supported on SIP-I based Nc, on the basis of SA4 answer [1] and 3GPP CT4#35 related discussions.
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5.7.3
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 proceduresthat have to be standardized on the Nb interface for the listed codec when SIP-I is the signalling protocol on the Nc interface.  

Table 5.7.3.1 Supported payload types

	Payload Type Name
	References
	Applicable Codecs
	Support

	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]
	Mandatory
Not all configurations are mandatory. Some  configurations are preferred, see 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]
	Mandatory if WB is supported.
Not all configurations are mandatory, see 3GPP TS 26.103 [43].

	
	
	
	

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

	audio/PCMA
	RFC 3551 [28]
	G.711
	Mandatory

	audio/PCMU
	RFC 3551 [28]
	G.711
	Mandatory

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

	audio/telephone-event
	4733 [35] 
	DTMF
	Mandatory

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


NOTE:
GSM FR and GSM HR (RFC 3551 [28]) codecs will not be supported on SIP-I based Nc, as for BICC based Nc.
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.

Additional codecs or call events may be supported by 3GPP SIP-I nodes on SIP-I based Nc or at the edge of the CS network e.g. to enable interoperation with non-3GPP SIP-I networks, but this is out of the scope of the TR. Examples of such codecs or call events are listed below.
Table 5.7.3.2 Examples of 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 [63]

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/mp4v-es
	RFC 3640 [62]
	MUME video option mpeg4

	Video/H264

	RFC3984 [xx]
	MUME video option mpeg4






