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***** start of 1st change *****

7.2.3.2.2.2
SDP Media Description

If the O-MGCF indicates support of the SIP preconditions in the initial INVITE request and local preconditions have not been met, the SDP media description shall contain precondition information as per 3GPP TS 24.229 [9]. Depending on the coding of the continuity indicators different precondition information (IETF RFC 3312 [37]) is included. If the continuity indicator indicates “continuity performed on a previous circuit” or “continuity required on this circuit”, and the INVITE is sent before receiving a COT, message (which is not recommended according to subclause 7.2.3.2.1.1), then the O-MGCF shall indicate that the preconditions are not met. Otherwise the O-MGCF shall indicate whether the preconditions are met, dependent on thestatus of the local resource reservation.
If the O-MGCF determines that a speech call is incoming, the O-MGCF shall include the AMR codec transported according to IETF RFC 4867 [23] with the options listed in subclause 5.1.1 of 3GPP TS 26.236 [32] in the SDP offer, unless the Note below applies. Within the SDP offer, the O-MGCF should also provide SDP RR and RS bandwidth modifiers specified in IETF RFC 3556 [59] to disable RTCP, as detailed in subclause 7.4 of 3GPP TS 26.236 [32]. The O-MGCF may include other codecs according to operator policy.

NOTE:
If the O-MGCF is deployed in an IMS network that by local configuration serves no user equipment that implements the AMR codec, then the AMR codec may be excluded from the SDP offer.

To avoid transcoding or to support non-speech services, the O-MGCF may add media derived from the incoming ISUP information according to table 10b. The support of the media listed in table 10b is optional. If the O-MGCF supports the PSTN XML body as a network option and adds media derived from the incoming ISUP information according to table 10b, the O-MGCF shall also map the media related ISUP information into the XML body as shown in table 7.2.3.2.2.7.1.

Table 10b: Coding of SDP media description lines from TMR/USI: ISUP to SIP

	TMR parameter 
	USI parameter (Optional)
	HLC IE in ATP (Optional)
	m= line
	b= line
	a= line

	TMR codes
	Information Transfer-Capability
	User Information Layer 1 Protocol Indicator
	High Layer Characteristics Identification
	<media>
	<transport>
	<fmt-list>
	<modifier>:
<bandwidth-value>
	rtpmap:<dynamic-PT> <encoding name>/<clock rate>[/encoding parameters>

	“speech”
	“Speech”
	“G.711 μ-law”
	Ignore
	audio
	RTP/AVP
	0 (and possibly 8) (NOTE 1)
	AS: (64 + RTP/UDP/IP overhead)
	rtpmap:0 PCMU/8000

(and possibly rtpmap:8 PCMA/8000)

(NOTE 1)

	“speech”
	“Speech”
	“G.711 μ-law”
	Ignore
	audio
	RTP/AVP
	Dynamic PT (and possibly a second Dynamic PT)

(NOTE 1)
	AS: (64 + RTP/UDP/IP overhead)
	rtpmap:<dynamic-PT> PCMU/8000

(and possibly rtpmap:<dynamic-PT> PCMA/8000)

(NOTE 1)

	“speech”
	“Speech”
	“G.711 A-law”
	Ignore
	audio
	RTP/AVP
	8
	AS: (64 + RTP/UDP/IP overhead)
	rtpmap:8 PCMA/8000

	“speech”
	“Speech”
	“G.711 A-law”
	Ignore
	audio
	RTP/AVP
	Dynamic PT
	AS: (64 + RTP/UDP/IP overhead)
	rtpmap:<dynamic-PT> PCMA/8000

	“3.1 KHz audio”
	USI Absent
	
	Ignore
	audio
	RTP/AVP
	8
	AS: (64 + RTP/UDP/IP overhead)
	rtpmap:8 PCMA/8000

	“3.1 KHz audio”
	“3.1 KHz audio”
	“G.711 μ-law”
	(NOTE 3)
	audio
	RTP/AVP
	0 (and possibly 8)

(NOTE 1)
	AS: (64 + RTP/UDP/IP overhead)
	rtpmap:0 PCMU/8000

(and possibly rtpmap:8 PCMA/8000)

(NOTE 1)

	“3.1 KHz audio”
	“3.1 KHz audio”
	“G.711 A-law”
	(NOTE 3)
	audio
	RTP/AVP
	8
	AS: (64 + RTP/UDP/IP overhead)
	rtpmap:8 PCMA/8000

	“3.1 KHz audio”
	“3.1 KHz audio”
	
	“Facsimile Group 2/3”
	image

(NOTE 9)
	Udptl [73]
	t38[73]
	AS: (64 + UDP/IP overhead)
	Based on ITU-T T.38 [72]. (NOTE 8)

	“3.1 KHz audio”
	“3.1 KHz audio”
	
	“Facsimile Group 2/3”
	image

(NOTE 9)
	Tcp
(NOTE 7)
	t38[73]
	AS: (64 + TCP/IP overhead)
	Based on ITU-T T.38 [72]. (NOTE 8)

	“3.1 KHz audio”
	“3.1 KHz audio”
	
	“Facsimile Group 2/3”
	Audio

(NOTE 9)
	RTP/AVP
	0, 8, or <dynamic-PT>
	AS: (64 + RTP/UDP/IP overhead)
	rtpmap:0 PCMA/8000 or 

rtpmap:8 PCMU/8000 or 

rtpmap:<dynamic-PT> PCMA/8000 or 

rtpmap:<dynamic-PT> PCMU/8000

	“64 kbit/s preferred”
	“Speech/ 3.1KHz audio” (NOTE 6)
	N/A
	Ignore
	audio
	RTP/AVP
	Dynamic PT
	AS: (64 + RTP/UDP/IP overhead)
	rtpmap:<dynamic-PT> CLEARMODE/8000 

(NOTE 2)(NOTE 4)

	“64 kbit/s unrestricted”
	“Unrestricted digital information”
	N/A 
	Ignore
	audio
	RTP/AVP
	Dynamic PT
	AS: (64 + RTP/UDP/IP overhead)
	rtpmap:<dynamic-PT> CLEARMODE/8000 

(NOTE 2)(NOTE 5)

	NOTE 1:
Both PCMA and PCMU could be required.

NOTE 2:
CLEARMODE is specified in IETF RFC 4040 [69].

NOTE 3:
HLC is normally absent in this case. It is possible for HLC to be present with the value “Telephony”, although 6.3.1/ITU-T Q.939 indicates that this would normally be accompanied by a value of “Speech” for the Information Transfer Capability element.

NOTE 4:
After the CLEARMODE codec, additional speech codecs such as AMR and/or G.722 and/or G.711 available via transcoding or reframing should be offered in the same m-line.

NOTE 5:
As alternative or in addition to the m-line containing the CLEARMODE codec, an MGCF supporting the multimedia interworking detailed in Annex E may add an m-line for speech codecs and an m-line for video codecs as detailed in this Annex.

NOTE 6:
In this case, the USI prime parameter will also be present and will indicate “Unrestricted Digital Information with tones/announcements”.
NOTE 7:
This value is not recommended in a network supporting MTSI clients as it is not supported by an MTSI client (see 3GPP TS 24.173 [88]).
NOTE 8: 
Annex K describes recommended values.

NOTE 9: 
FAX can either be transported according to ITU-T recommendation T.38 [72] using the “image” media type or as inband Voice band data over IP using the “audio” media type.


***** End of 1st change *****

***** Start of 2nd change *****
7.2.3.2.3
Receipt of CONTINUITY

This subclause only applies if the O-MGCF has sent the INVITE request without waiting for an outstanding COT message (see subclause 7.2.3.2.1).
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Figure 14a: Receipt of COT (success)

When the requested local preconditions (if any) have been met and if possible outstanding continuity procedures have successfully been completed (COT with the Continuity Indicators parameter set to “continuity check successful” is received), a SDP offer (e.g. a SIP UPDATE request, as defined in IETF RFC 3311 [55]) shall be sent for each early SIP dialogue for which the received provisional response indicated support of preconditions confirming that all the required local preconditions have been met.
NOTE:
This procedure applies regardless of whether the early SIP dialog existed prior to the preconditions being fulfilled or is subsequently created.

***** End of 2nd change *****

***** Start of 3rd change *****

7.3.3.2.2.2
SDP Media Description

If the O-MGCF sends the INVITE request without waiting for the BICC bearer setup and any local resource reservation to complete, (which is not recommended according to subclause 7.3.3.2.1) it shall indicate that SIP preconditions are not met when the initial INVITE request indicates support of the SIP preconditions.


The O-MGCF shall include the AMR codec transported according to IETF RFC 4867 [23] with the options listed in subclause 5.1.1 of 3GPP TS 26.236 [32] in the SDP offer. Within the SDP offer, the O-MGCF should also provide SDP RR and RS bandwidth modifiers specified in IETF RFC 3556 [59] to disable RTCP, as detailed in subclause 7.4 of 3GPP TS 26.236 [32].

***** End of 3rd change *****
***** Start of 4th change *****

7.3.3.2.3
Sending of UPDATE

This subclause only applies if the O-MGCF sends the INVITE request before SIP preconditions are met (see subclause 7.3.3.2.1).
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Figure 30: Receipt of COT (success)

The UPDATE request with a new SDP offer shall be sent for each early SIP dialogue for which the received provisional response indicated support of preconditions confirming that all the required local preconditions have been met when all the following conditions are met.

1.
A Continuity message, with the Continuity Indicators parameter set to “continuity check successful” shall be received.

2.
The reservation of requested local resources has been completed.

In addition, depending on which bearer set-up procedure used for the call one of the following condition shall be met:

-
The event Bearer Set-up indication – for the forward bearer set-up case where the incoming Connect Type is “notification not required”, which indicate successful completion of bearer set-up, is received by the Incoming bearer set-up procedure (ITU-T Recommendation Q.1902.4 [30] subclause 7.5);

-
Bearer Set-up Connect indication for the backward call set-up case, which indicate successful completion of bearer set-up, is received by the Incoming bearer set-up procedure (ITU-T Recommendation Q.1902.4 [30] subclause 7.5);

-
BNC set-up success indication for cases using bearer control tunnelling which indicate successful completion of bearer set-up, is received by the Incoming bearer set-up procedure, (ITU-T Recommendation Q.1902.4 [30] subclause 7.5).

NOTE:
This procedure applies regardless of whether the early SIP dialog existed prior to the preconditions being fulfilled or is subsequently created.
***** End of 4th change *****
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