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2. modified Clause

7.2.3.1.2.5 Transmission medium requirement
The TMR parameter is set according to Table 2a, the USI and the Access Transport parameters shall not be sent. Transcoding shall be applied if required.
Table 2a- Coding of TMR/USI/HLC from SDP: SIP to ISUP

	
	m= line
	
	b= line (Note 4)
	a= line
	TMR parameter
	USI parameter (optional) (Note 1)
	HLC parameter (optional)

	<media>
	<transport>
	<fmt-list>
	<modifier>:<bandwidth-value>


NOTE:
<bandwidth value> for <modifier> of AS is evaluated to be B kbit/s.
	rtpmap:<dynamic-PT> <encoding name>/<clock rate>[/encoding parameters>
	TMR codes
	Information Transport Capability
	User Information Layer 1 Protocol Indicator
	High Layer Characteristics Identification

	audio
	RTP/AVP
	0
	N/A or up to 64 kbit/s
	N/A
	"3.1KHz audio"
	"3.1KHz audio"
	"G.711 -law"
	 (Note 3)

	audio
	RTP/AVP
	Dynamic PT
	N/A or up to 64 kbit/s
	rtpmap:<dynamic-PT> PCMU/8000
	"3.1KHz audio"
	"3.1KHz audio"
	"G.711 -law"
	 (Note 3)

	audio
	RTP/AVP
	8
	N/A or up to 64 kbit/s
	N/A
	"3.1KHz audio"
	"3.1KHz audio"
	"G.711 -law"
	(Note 3)

	audio
	RTP/AVP
	Dynamic PT
	N/A or up to 64 kbit/s
	rtpmap:<dynamic-PT> PCMA/8000
	"3.1KHz audio"
	"3.1KHz audio"
	"G.711 A-law"
	(Note 3)

	audio
	RTP/AVP
	9
	AS:64 kbit/s
	rtpmap:9 G722/8000
	"64 kbit/s unrestricted"
	"Unrestricted digital inf. w/tones/ann"
	
	

	audio
	RTP/AVP
	Dynamic PT
	AS:64 kbit/s
	rtpmap:<dynamic-PT> CLEARMODE/8000

(Note 2)
	"64 kbit/s unrestricted"
	"Unrestricted digital information"
	
	

	image
	udptl
	t38
	N/A or up to 64 kbit/s
	Based on T.38 [28]
	"3.1 KHz audio"
	"3.1KHz audio"
	
	"Facsímile
Group 2/3"

	image
	tcptl
	t38
	N/A or up to 64 kbit/s
	Based on T.38 [28]
	"3.1 KHz audio"
	"3.1KHz audio"
	
	"Facsímile
Group 2/3"

	NOTE 1 - In this table the codec G.711 is used only as an example. Other codec is possible.

NOTE 2 - CLEARMODE is specified in [29] RFC4040.

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

NOTE 4 - If the b=line indicates a bandwidth greater than 64kbit/s then the call may use compression techniques or the reject the call with a 415 response being sent back indicating one media stream of 64kbit/s only supported.


Other codecs used shall be mapped according to Table B.4 in ANNEX , The information given within this ANNEX is valid for BICC and compliant with the mapping shown in Table 2a. Nevertheless the tables should be also used for the ISUP coding.
If a SDP is received from the remote peer before the IAM is sent then the TMR, and HLC shall be derived from SDP as follows. 
The SDP Media Description Part received by the I-MGCF should indicate only one media stream. If more than one media stream is indicated the following rules are valid:

· based on operator policy the call can be refused with a 415 Unsupported media type response sent back; or

· if the SDP offer contains one or more audio type media streams and one or more non-audio type media stream, only the audio streams shall be considered ; the other streams shall be rejected in accordance with the procedures of RFC 3264 [24]; and

· if the SDP offer contains several audio type media streams, the I-MGCF shall only consider one, and reject the other streams in accordance with RFC 3264 [24].

NOTE:
Only A-Law shall be supported.

If the incoming call is an ISDN originated call and a G711 codec is used, then the User Information Layer 1 Protocol indicator of the USI parameter shall be set in accordance with the encoding law of the subsequent BICC/ISUP network. If the incoming call is not an ISDN originated call, then the USI parameter shall not be sent.

The offer-answer procedures for the G.711 codec are modified as follows:

· If both G.711 a-law and u-law codecs are received in the SDP offer, then independent from the received order of preference the G.711 a-law codec shall be returned in the SDP answer as preferred codec.

· If G.711 a-law codec is received in the SDP offer without u-law codec, then the offer answer procedures apply.

· If G.711 u-law codec is received in the SDP offer without a-law codec, then u-law codec shall be rejected.
3. modified Clause

7.2.3.2.2.2
SDP Media Description

The O-MGCF includes the AMR codec transported according to RFC 3267 [23] with the options listed in clause 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 Clause 7.4 of 3GPP TS 26.236 [32].

If the O-MGCF supports other codecs as based on a network operator policy this can be listed in addition to the AMR codec.

Table 10a - 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 Transport 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
	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
	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
	rtpmap:8 PCMA/8000

	"speech"
	"Speech"
	"G.711 A-law"
	Ignore
	audio
	RTP/AVP
	Dynamic PT
	AS:64
	rtpmap:<dynamic-PT> PCMA/8000

	"3.1 KHz audio"
	USI Absent
	
	Ignore
	audio
	RTP/AVP
	8
	AS:64
	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
	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
	rtpmap:8 PCMA/8000

	"3.1 KHz audio"
	"3.1 KHz audio"
	
	"Facsimile Group 2/3"
	image
	udptl
	t38
	AS:64
	Based on T.38 [28].

	"3.1 KHz audio"
	"3.1 KHz audio"
	
	"Facsimile Group 2/3"
	image
	tcptl
	t38
	AS:64
	Based on T.38 [28].

	"64 kbit/s unrestricted"
	"Unrestricted digital inf. W/tone/ann."
	N/A
	Ignore
	audio
	RTP/AVP
	9
	AS:64
	rtpmap:9 G722/8000

	"64 kbit/s unrestricted"
	"Unrestricted digital information"
	N/A 
	Ignore
	audio
	RTP/AVP
	Dynamic PT
	AS:64
	rtpmap:<dynamic-PT> CLEARMODE/8000 

Note 2

	Note 1 – Both PCMA and PCMU could be required
Note 2 - The usage of the CLEARMODE IETF Draft is specified in [29] RFC4040.

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


Table 11 provides a summary of how the header fields within the outgoing INVITE message are populated.

Table 11 – Interworked contents of the INVITE message

	IAM(
	INVITE(

	Called Party Number 
	Request-URI

	Calling Party Number
	P-Asserted-Identity 

	
	Privacy

	
	From

	Generic Number ("additional calling party number")
	From

	Hop Counter
	Max-Forwards

	TMR/USI 
	Message Body (application/SDP)
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