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1. modified Clause

2
References

Clause 2 shall contain normative references only, i.e. references which are essential to use the deliverable.

References shall be publicly available and, as much as possible, non-specific.

For informative references (or other reading material) an annex entitled "Bibliography" shall be used.

Text block:

The following documents contain provisions which, through reference in this text, constitute provisions of the present document.

· References are either specific (identified by date of publication and/or edition number or version number) or non‑specific.

· For a specific reference, subsequent revisions do not apply.

· For a non-specific reference, the latest version applies.

Referenced documents which are not found to be publicly available in the expected location might be found at http://docbox.etsi.org/Reference.
[1]
ITU-T Recommendation G.711: "Pulse Code Modulation (PCM) of voice frequencies".

[2]
ITU-T Recommendation H.248.1 (2002): "Gateway control protocol: Version 2".

[3]
ITU-T Recommendation Q.701 to Q.709: "Functional description of the message transfer part (MTP) of Signalling System No. 7".

[4]
ITU-T Recommendations Q.761to Q.764 (2000): "Specifications of Signalling System No.7 ISDN User Part (ISUP)".

[5]
Void.

[6]
3GPP TR 21.905: "Vocabulary for 3GPP Specifications".

[7]
Void.

[8]
3GPP TS 24.228: "Signalling flows for the IP multimedia call control based on SIP and SDP".

[9]
3GPP TS 24.229: "IP Multimedia Call Control Protocol based on SIP and SDP".

[10]
3GPP TS 23.002: "Network Architecture".

[11]
3GPP TS 22.228: "Service requirements for the IP Multimedia Core Network Subsystem".

[12]
3GPP TS 23.228: "IP Multimedia subsystem (IMS)".

[13]
Void.

[14]
3GPP TS 29.205: "Application of Q.1900 series to Bearer Independent CS Network architecture; Stage 3".

[15]
3GPP TS 29.332: "Media Gateway Control Function (MGCF) – IM-Media Gateway (IM-MGW) interface, Stage 3".

[16]
IETF RFC 791: "Internet Protocol".

[17]
IETF RFC 768: "User Datagram Protocol".

[18]
IETF RFC 2960: "Stream Control Transmission Protocol".

[19]
IETF RFC 3261: "SIP: Session Initiation Protocol".

[20]
3GPP TS 29.202: "Signalling System No. 7 (SS7) signalling transport in core network; Stage 3".
[21]
IETF RFC 2474: "Definition of the Differentiated Services Field (DS Field) in the IPv4 and IPv6 Headers".

[22]
IETF RFC 2475: "An Architecture for Differentiated Services".

[23]
IETF RFC 3267: "Real-Time Transport Protocol (RTP) payload format and file storage format for the Adaptive Multi-Rate (AMR) Adaptive Multi-Rate Wideband (AMR-WB) audio codecs".

[24]
IETF RFC 793: "Transmission Control Protocol".

[25]
3GPP TS 29.414: "Core network Nb data transport and transport signalling".

[26]
3GPP TS 29.415: "Core network Nb interface user plane protocols".

[27]
3GPP TS 23.205: "Bearer-independent circuit-switched core network; Stage 2".

[28]
Void.

[29]
ITU-T Recommendation Q.2150.1: "Signalling transport converter on MTP3 and MTP3b".

[30]
ITU-T Recommendations Q.1902.1 to Q.1902.6 (07/2001): "Bearer Independent Call Control".

[31]
ITU-T Recommendation Q.1950 (2002): "Bearer independent call bearer control protocol".
[32]
3GPP TS 26.236: "Packet switched conversational multimedia applications; Transport protocols".
[33]
3GPP TS 29.232: "Media Gateway Controller (MGC) – Media Gateway (MGW) interface; Stage 3".

[34]
IETF RFC 2833: "RTP Payload for DTMF Digits, Telephony Tones and Telephony Signals".

[35]
ITU-T Recommendation Q.765.5: "Signalling system No. 7 – Application transport mechanism: Bearer Independent Call Control (BICC)".

[36]
IETF RFC 3264: "An Offer/Answer Model with the Session Description Protocol (SDP)".

[37]
IETF RFC 3312: "Integration of Resource Management and Session Initiation Protocol (SIP)".

[38]
ITU-T Recommendation Q.850 (1998): "Usage of cause and location in the Digital Subscriber Signalling System No. 1 and the Signalling System No. 7 ISDN User Part".
[39]
IETF RFC 2460: "Internet Protocol, Version 6 (IPv6) Specification"

[40]
IETF RFC 3323: "A Privacy Mechanism for the Session Initiation Protocol (SIP)".

[41]
IETF RFC 3325: "Private Extensions to the Session Initiation Protocol (SIP) for Asserted Identity within Trusted Networks".

[42]
ITU-T Recommendation Q.730 to Q.737 (12/1999): "ISDN user part supplementary services".

[43]
ITU-T Recommendation I.363.5 (1996): "B-ISDN ATM Adaptation Layer specification: Type 5 AAL".

[44]
ITU-T Recommendation Q.2110 (1994): "B-ISDN ATM adaptation layer - Service Specific Connection Oriented Protocol (SSCOP)".

[45]
ITU-T Recommendation Q.2140 (1995): "B-ISDN ATM adaptation layer - Service specific coordination function for signalling at the network node interface (SSCF AT NNI)".

[46]
ITU-T Recommendation Q.2210 (1996): "Message transfer part level 3 functions and messages using the services of ITU-T Recommendation Q.2140".

[47]
3GPP TS 23.221: "Architectural requirements".

[48]
ITU-T Recommendation E.164 (05/1997): "The international public telecommunication numbering plan".

[49]
ITU-T Recommendation Q.1912.5: "Interworking between Session Initiation Protocol (SIP) and Bearer Independent Call Control Protocol or ISDN User Part".

[50]
3GPP TS 26.102: "Adaptive Multi-Rate (AMR) speech codec; Interface to Iu and Uu".

[51]
IETF RFC 3550: "RTP: A Transport Protocol for Real-Time Applications".
[52]
IETF RFC 3551: "RTP Profile for Audio and Video Conferences with Minimal Control".
[53]
IETF RFC 3555: "MIME Type Registration of RTP Payload Formats".
[54]
IETF RFC 3262: "Reliability of provisional responses".

[55]
IETF RFC 3311: "SIP UPDATE method".

[56]
IETF RFC 2327: "SDP: Session Description Protocol".

[57]
3GPP TS 26.103: " Speech Codec List for GSM and UMTS".

[58]
3GPP TS 28.062: " Inband Tandem Free Operation (TFO) of speech codecs".

[59]
IETF RFC 3556: "Session Description Protocol (SDP) Bandwidth Modifiers for RTP Control Protocol (RTCP) bandwidth".3
Definitions, symbols and abbreviations
[xx]
IETF RFC 4040: “RTP Payload Format for a 64 kbit/s Transparent Call”
2. modified Clause

7.2.3.1.1
Sending of IAM 

On reception of a SIP INVITE requesting an audio session, the I‑MGCF shall send an IAM message. 

The I-MGCF shall interwork forked INVITE requests with different request URIs.

If a Continuity Check procedure is supported in the ISUP network, the I-MGCF shall send the IAM immediately after the reception of the INVITE, as shown in figure 3. This procedure applies when the value of the continuity indicator is either set to "continuity check required” or "continuity check performed on a previous circuit". If the continuity indicator is set to "continuity check required" the corresponding procedures at the Mn interface described in clause 9.2.2.3 also apply.
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Figure 3: Receipt of an Invite request (continuity procedure supported in the ISUP network)

If no Continuity Check procedure is supported in the ISUP network, the I-MGCF shall delay sending the IAM until the SIP preconditions are met.
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Figure 4: Receipt of an Invite request (continuity procedure not supported in the ISUP network)

The I-MGCF shall reject an INVITE request for a session only containing unsupported media types by sending a status code 500 "Server Internal error". If several media streams are contained in a single INVITE request, the I-MGCF shall select one of the supported media streams, reserve the codec(s) for that media stream, and reject the other media streams and unselected codecs in the SDP answer, as detailed in RFC 3264 [36]. If supported audio media stream(s) and supported non-audio media stream(s) are contained in a single INVITE request, an audio stream should be selected.  
The I-MGCF shall include a To tag in the first backward non-100 provisional response, in order to establish an early dialog as described in RFC 3261 [19].

3. modified Clause

7.2.3.1.2.5 Transmission medium requirement

The I-MGCF may either transcode the selected codec(s) to the codec on the PSTN side or it may attempt to interwork the media without transcoding. If the I-MGCF transcodes, it shall select the TMR parameter to “3.1 kHz audio” or “speech”.  If the I-MGCF does not transcode, it should map the TMR, USI and Access Transport parameters from the selected codec according to Table 2a.  The support of any of the media listed in Table 2a is optional.
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 5)
	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 codecs are possible.

NOTE 2 
CLEARMODE is specified in RFC4040 [xx].

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/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 reject the call with a 415 response indicating that only one media stream of 64kbit/s is supported.

NOTE 5
<bandwidth value> for <modifier> of AS is in units of kbit/s.


4. modified Clause

7.2.3.2.2.2
SDP Media Description

If the O-MGCF determines that a speech call is incoming, the O-MGCF shall include 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, 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 Clause 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 10a. The support of the media listed in Table 10a is optional.
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
CLEARMODE is specified in RFC4040 [xx].

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/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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