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Abstract 

· IETF draft-ietf-avt-rfc2833bis-15 has been obsoleted by RFC 4733 ; references are modified accordingly throughout the TR ;

· The TR currently assumes that DTMF transport via the RTP telephone-events is the only possible transport mode. This is not the assumption of 3GPP TS 29.164 : 

It depends on the characteristics of the external SIP-I network if DTMF is transported within the codec or according to IETF RFC 2833 [28].
ITU-T Q.1912.5 does not explicitly require SIP-I entities to transport DTMF according to RFC 2833 in the particular case where it could be transported in-band ("within the codec") – i.e. codec transparent to DTMF like G.711. This option can therefore not be excluded and might be encountered with external SIP-I network. 

SIP-I based Nc shall support DTMF transport via RTP telephone-events, which is the recommended DTMF transport on SIP-I based Nc. However, SIP-I based Nc may also support in-band DTMF transport for open interoperability with external SIP-I network.
· The editor's note in sub-clause 12.6 is removed ; instead, it is clarified that when receiving in-band DTMF from a BICC or ISUP network towards a SIP-I network, the MGW is required to detect the DTMF tones and to translate them to the corresponding telephone-events, if use of RTP telephone-event has been negotiated with the peer SIP-I entity. 
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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

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
	RFC 4733 [35]
	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 [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/mpeg4-generic
	RFC 3640 [62]
	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.

12.6
Support of DTMF

SIP-I does not include a method of signalling DTMF events in the manner provided by BICC.  Instead SIP-I transports DTMF within the RTP telephone-event according toRFC 4733 [35] if the RTP telephony event payload type is negotiated between the peer SIP-I entities ; alternatively SIP-I may also transport the DTMF in-band ("within the codec") when the selected codec allows transparent DTMF transport. 
SIP-I based Nc shall support DTMF transport via RTP telephone-events, which is the recommended DTMF transport on SIP-I based Nc. However, SIP-I based Nc may also support in-band DTMF transport for open interoperability with external SIP-I network. Depending on whether the MSC Server has configured or not the RTP telephone-event payload at the MGW, the MGW shall detect or transmit DTMF within the RTP payload type according to RFC 4733 [35] or in-band ("within the codec") if supported.
When interfacing to the PLMN using ISUP, the MSC receiving DTMF events from a mobile station signals those events to its MGW so that the MGW can generate the DTMF tones in-band within the bearer plane to the PLMN.  When interfacing to a SIP-I network, the MSC receiving DTMF events from a mobile station signals those events to its MGW so that the MGW shall signal the DTMF digits in the bearer plane according to the DTMF transport mode configured. 
When interworking DTMF events received from a SIP-I network to BICC, the MGW shall detect the DTMF events in the bearer plane according to the DTMF transport mode configured and indicate them to its controller for carriage in the BICC signalling plane.  When interworking DTMF events received from a BICC network to SIP-I, the MGW controller shall signal DTMF events received in the signalling plane to its MGW for transmission in the bearer plane towards the SIP-I network according to the DTMF transport mode configured. 
When interworking to a SIP-I network, in-band DTMF received in the bearer plane from a BICC or ISUP network shall be detected at the MGW and translated to the corresponding telephone-events for carriage in the bearer plane of the SIP-I network if DTMF transport via RTP telephone-event has been configured. Otherwise, in-band DTMF shall be sent in-band.

15.2
Impacts to Procedures between (G)MSC server and MGW

Editor's note: The section contains the detailed description of the impacted information flows between the (G)MSC-S and the MGW servers when implementing a SIP-I based Nc interface.
The procedures in Table 15.2 are defined for the purpose of the (G)MSC-S interaction with MGW in the SIP-I based CS network.

Table 15.2: Procedures used between (G)MSC-S and MGW in the SIP-I based CS network

	Procedure Name
	Procedure Description
	Corresponding Procedure

	Reserve RTP Connection Point
	This procedure is used to reserve local connection addresses and local resources.
	Reserve IMS connection point in the Mn interface as defined in TS 29.332 [20].

	Configure RTP Resources
	This procedure is used to select media-processing resources for a Nb interface connection.
	Configure IMS resources in the Mn interface as defined in TS 29.332 [20]..

	Reserve RTP Connection Point and Configure Remote Resources
	This procedure is used to reserve media-processing resources for an Nb interface connection.
	Reserve IMS Connection point and configure remote resources in the Mn interface as defined in TS 29.332 [20].

	Release RTP Termination
	This procedure is used by the (G)MSC-S to release a termination towards the remote MGW and free all related resources.
	Release IMS termination in the Mn interface as defined in TS 29.332 [20].

	Detect RTP Tel Event
	This procedure is used by the (G)MSC-S to request the MGW the detection of telephony events signalled within RTP according to RFC 4733 [35] and the notification of received telephony events.
	Detect IMS RTP Tel event in the Mn interface as defined in TS 29.332 [20].

	Notify RTP Tel Event
	This procedure is used by the MGW to notify the (G)MSC-S about the detection of telephony events signalled within RTP according to RFC 4733 [35].
	Notify IMS RTP Tel event in the Mn interface as defined in TS 29.332 [20].

	Send RTP Tel Event
	This procedure is used by the (G)MSC-S to request from the MGW to signal a telephone event within RTP according to RFC 4733 [35].
	Send IMS RTP Tel event in the Mn interface as defined in TS 29.332 [20].

	Stop RTP Tel Event
	This procedure is used by the (G)MSC-S to request the MGW to stop signalling a telephone event within RTP according to RFC 4733 [35].
	Stop IMS RTP Tel event in the Mn interface as defined in TS 29.332 [20].

	Bearer Released
	This procedure is used by the MGW to indicate towards the (G)MSC-S that an error occured on an termination which requires the release of the termination.
	IMS Bearer Released in the Mn interface as defined in TS 29.332 [20].

	Change RTP Through-Connection
	This procedure is used by the (G)MSC-S to request the MGW to through connect the terminations.
	Change IMS ThroughConnection in the Mn interface as defined in TS 29.332 [20].

	Send RTP Tone
	This procedure is used by the (G)MSC-S to request the MGW to send tone.
	IMS Send  Tone in the Mn interface as defined in TS 29.332 [20].

	Stop RTP Tone
	This procedure is used by the (G)MSC-S to request the MGW to stop tone.
	IMS Stop Tone in the Mn interface as defined in TS 29.332 [20].

	RTP Tone Completed
	This procedure is used by the MGW to indicate the (G)MSC-S that a tone has finished being generated at a termination.
	IMS Tone Completed in the Mn interface as defined in TS 29.332 [20].





