Page 1



3GPP TSG-CT WG3 Meeting #50 
(
C3-082427
Shanghai, China,  10th -  14th November 2008

	CR-Form-v9.4

	CHANGE REQUEST

	

	(

	29.163
	CR
	266
	(

rev
	1
	(

Current version:
	8.4.0
	(


	

	For HELP on using this form look at the pop-up text over the (
 symbols. Comprehensive instructions on how to use this form can be found at http://www.3gpp.org/specs/CR.htm.

	


	Proposed change affects:
(

	UICC apps(

	
	ME
	
	Radio Access Network
	
	Core Network
	X


	

	Title:
(

	Corrections to References

	
	

	Source to WG:
(

	LM Ericsson

	Source to TSG:
(

	C3

	
	

	Work item code:
(

	IMS-CCR-IWCS
	
	Date: (

	13/11/2008

	
	
	
	
	

	Category:
(

	F
	
	Release: (

	Rel-8

	
	Use one of the following categories:
F  (correction)
A  (corresponds to a correction in an earlier release)
B  (addition of feature), 
C  (functional modification of feature)
D  (editorial modification)

Detailed explanations of the above categories can
be found in 3GPP TR 21.900.
	Use one of the following releases:
R99
(Release 1999)
Rel-4
(Release 4)
Rel-5
(Release 5)
Rel-6
(Release 6)
Rel-7
(Release 7)
Rel-8
(Release 8)
Rel-9
(Release 9)

	
	

	Reason for change:
(

	There are various errors related to references, both in the References clause and in the body of the text

	
	

	Summary of change:
(

	Various corrections

	
	

	Consequences if 
(

not approved:
	Poor quality of specification

	
	

	Clauses affected:
(

	2, 3.1, 7.2.3.1.2A.1.2, 7.2.3.1.2B.1, 7.2.3.1.4, 7.2.3.1.9a, 7.2.3.2.2B.1, 7.2.3.2.3, 7.3.1, 7.5.10.1, 8.1.1.2, 8.1.1.4, 8.1.1.5, 8.1.1.8, 9.2.3.4.2, 9.3.1.10, 9.3.1.12, 9.3.2.14, B.2.5, E.2.3.1.1, E.2.3.2.1, E.2.4.1.1, E.2.4.1.2, E.4.1

	
	

	
	Y
	N
	
	

	Other specs
(

	
	X
	 Other core specifications
(

	

	affected:
	
	X
	 Test specifications
	

	
	
	X
	 O&M Specifications
	

	
	

	Other comments:
(

	


*** 1st Change ***

2
References

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, edition number, version number, etc.) or non‑specific.

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

· For a non-specific reference, the latest version applies. In the case of a reference to a 3GPP document (including a GSM document), a non-specific reference implicitly refers to the latest version of that document in the same Release as the present document.

[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 (1999): "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]
Void
[32]
3GPP TS 26.236: "Packet switched conversational multimedia applications; Transport protocols".
[33]
Void
[34]
Void.
[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".

[60]
3GPP TS 24.604: "Communication Diversion (CDIV) using IP Multimedia (IM) Core Network (CN) subsystem; Protocol specification"
[61]
3GPP TS 24.605 "Conference (CONF) using IP Multimedia (IM) Core Network (CN) subsystem; Protocol specification"
[62]
ETSI TS 183 006 "Telecommunications and Internet Converged Services and Protocols for Advanced Networking (TISPAN); NGN Signalling Control Protocol; Message Waiting Indication (MWI), PSTN/ISDN simulation services"
[63]
ETSI TS 183 007 "Telecommunications and Internet Converged Services and Protocols for Advanced Networking (TISPAN); NGN Signalling Control Protocol; Originating Identification Presentation (OIP) and 
Originating Identification Restriction (OIR); PSTN/ISDN simulation services"
[64]
3GPP TS 24.608 "Terminating Identification Presentation (TIP) and Terminating Identification Restriction (TIR) using IP Multimedia (IM) Core Network (CN) subsystem; Protocol specification".
[65]
ETSI TS 183 010 "Telecommunications and Internet Converged Services and Protocols for Advanced Networking (TISPAN); NGN Signalling Control Protocol; Communication Hold (HOLD) PSTN/ISDN simulation services"
[66]
Void

[67]
ETSI TS 183 011 "Telecommunications and Internet Converged Services and Protocols for Advanced Networking (TISPAN); NGN Signalling Control Protocol; Anonymous Communication Rejection (ACR) and Communication Barring (CB) PSTN/ISDN simulation services"

[68]
ETSI TS 183 016 "Telecommunications and Internet Converged Services and Protocols for Advanced Networking (TISPAN); PSTN/ISDN simulation services; Malicious Communication Identification (MCID); Protocol specification"
[69]
IETF RFC 4040: "RTP Payload Format for a 64 kbit/s Transparent Call"
[70]
ETSI EN 300 356-1 (V4.2.1): "Integrated Services Digital Network (ISDN); Signalling System No.7 (SS7); ISDN User Part (ISUP) version 4 for the international interface; Part 1: Basic services [ITU-T Recommendations Q.761 to Q.764 (1999) modified]".

[71]
ETSI EN 300 356-21 (V4.2.1): "Integrated Services Digital Network (ISDN); Signalling System No.7 (SS7); ISDN User Part (ISUP) version 4 for the international interface; Part 21: Anonymous Call Rejection (ACR) supplementary service" 

[72]
ITU-T Recommendation T.38: "Procedures for real-time Group 3 facsimile communication over IP networks"
[73]
IETF RFC 3362: "Real-time Facsimile (T.38) - image/t38 MIME Sub-type Registration"
[74]
3GPP TS 23.003: "Numbering, addressing and identification".

[75]
IETF RFC 3515: "The Session Initiation Protocol (SIP) REFER method".
[76]
draft-mahy-iptel-cpc-04.txt

Editor's note: The above document cannot be formally referenced until it is published as an RFC.

[77]
IETF draft-ietf-sip-acr-code-03 "Rejecting Anonymous Requests in the Session Initiation Protocol (SIP)"

Editor's note: The above document cannot be formally referenced until it is published as an RFC.

[78]
3GPP TS 26.110: "Codec for circuit switched multimedia telephony service; General description"

[79]
3GPP TS 26.111: "Codec for Circuit switched Multimedia Telephony Service; Modifications to H.324".

[80]
3GPP TS 26.235: "Packet switched conversational multimedia applications; Default codecs".

[81]
ITU-T Recommendation H.324: "Terminal for low bitrate multimedia communication".
[82]
ITU-T Recommendation H.245: "Control protocol for multimedia communication".

[83]
ITU-T Recommendation H.261: "Video codec for audiovisual services at p x 64 kbit/s".
[84]
ITU-T Recommendation H.263: "Video coding for low bitrate communication".

[85]
Void
[86]
Void.
[87]
ITU-T Recommendation H.324 Amendment 1: "New Annex K "Media Oriented Negotiation Acceleration Procedure" and associated changes to Annex".
[88]
3GPP TS 24.173: "IMS Multimedia Telephony Communication Service and Supplementary Services, stage 3".

[89]
IETF RFC 5009: "Private Header (P-Header) Extension to the Session Initiation Protocol (SIP) for Authorization of Early Media".
[90]

IETF RFC 2663: "IP Network Address Translator (NAT) Terminology and Considerations ".

[91]
IETF RFC 4244: "An extension to the Session Initiation Protocol (SIP) for Request History Information".

[92]
ITU-T Recommendation Q.769.1: "Signalling system No. 7 – ISDN user part enhancements for the support of number portability".

[93]
IETF RFC 4694: "Number portability parameters for the "tel" URI".

[94]
Void
[95]
IETF draft-yu-tel-dai-02 "DAI Parameter for the "tel" URI".
Editor's note: The above document cannot be formally referenced until it is published as an RFC.

[96]
ETSI EN 300 403‑1: "Integrated Services Digital Network (ISDN); Digital Subscriber Signalling System No. one (DSS1) protocol; Signalling network layer for circuit-mode basic call control; Part 1: Protocol specification [ITU-T Recommendation Q.931 (1993), modified]".

[97]
IETF RFC 3966: "The tel URI for Telephone Numbers".
[98]
ISO/IEC 8348: "Information technology – Open Systems Interconnection – Network service definition", Add.2
Support Team note:
Reference added during implementation of CR 182 rev 1; Addendum 2 to the above reference not found in ISO catalogue
[99]
draft-johnston-sipping-cc-uui-03 "Transporting User to User Information for Call Centers using SIP" 2007


Editors Note: The reference to draft draft-johnston- sipping-cc-uui is needs to be replaced by a reference to an IETF sip working group document providing the final definition of the SIP UUI header, when such a document becomes available. Those drafts can not be formally referenced until they become RFCs.
[100]
IETF RFC 4575: "A Session Initiation Protocol (SIP) Event Package for Conference State".
[101]
3GPP TS 24.454 "Telecommunications and Internet converged Services and Protocols for Advanced Networking; PSTN/ISDN simulation services; Closed User Group (CUG) Protocol specification "
[102]
3GPP TS 24.516 "Telecommunications and Internet converged Services and Protocols for Advanced Networking (TISPAN); PSTN/ISDN simulation services; Malicious Communication Identification (MCID); Protocol specification" 
[103]
3GPP TS 23.014: "Technical Specification Group Core Network; Support of Dual Tone Multi-Frequency (DTMF) signalling".

[104]
3GPP TS 26.114: "IP Multimedia Subsystem (IMS); Multimedia Telephony; Media handling and interaction".
[105]
IETF RFC 4733: "RTP Payload for DTMF Digits, Telephony Tones and Telephony Signals".
[106]
IETF draft-ietf-bliss-call-completion-02: "Call Completion for Session Initiation Protocol (SIP)"

Editor's note: The above document cannot be formally referenced until it is published as an RFC.
[107]
IETF draft-alexeitsev-bliss-alert-info-urns-00: "Alert-Info header URNs for Session Initiation Protocol (SIP)"

Editor's note: The above document cannot be formally referenced until it is published as an RFC.
* * *  2nd Change  * * *

3.1
Definitions

For the purposes of the present document, the terms and definitions given in 3GPP TR 21.905 [6], ITU-T Recommendation E.164 [48] and the following apply:

SS7 signalling function: function in the CS network, which has the capabilities to transport the SS7 MTP-User parts ISUP and BICC+STCmtp
SIP signalling function: function in the IM CN subsystem, which has the capabilities to transport SIP

Incoming or Outgoing: used in the present document to indicate the direction of a call (not signalling information) with respect to a reference point.

Incoming MGCF (I‑MGCF): entity that terminates incoming SIP calls from the IMS side and originates outgoing calls towards the CS side using the BICC or ISUP protocols.

Outgoing Interworking Unit (O‑MGCF): entity that terminates incoming BICC or ISUP calls from the CS side and originates outgoing calls towards the IMS using SIP.

Root Termination: refers to Media Gateway as an entity in itself, rather than a Termination within it. A special TerminationID, "Root" is reserved for this purpose. See ITU-T Recommendation H.248.1 [2].

Signalling Transport Converter (STC): function that converts the services provided by a particular Signalling Transport to the services required by the Generic Signalling Transport Service. 

STCmtp: Signalling Transport Converter on MTP. See ITU-T Recommendation Q.2150.1 [29].

BICC+STCmtp: this terminology means that BICC signaling always need to be used on top of STCmtp sublayer.

*** 3rd Change ***

7.2.3.1.2A.1.2
Concatenated Addressing Method

Table 7a.0b: Coding of the called party number with Number Portability Concatenated Addressing Method
	INVITE(
	IAM(

	Request-URI
	Called Party Number

	Called Party E.164 address
(format +CC NDC SN)

(e.g. as User info in SIP URI with user=phone, or as tel URL) plus Number Portability Routing Number (format +CC NDC SN) (e.g. as Tel URI rn= parameter) plus Number Portability Database Dip Indicator as defined in IETF RFC 4694 [93] (e.g. as Tel URI npdi parameter)
	Address Signal:

Analyse the information contained in received Number Portability Routing Number. If the Number Portability Routing number contains an E.164 address, then remove "+CC" and use the remaining digits to fill the Address signal. Otherwise, use the digits of the Number Portability Routing number to fill the Address signal.

Remove the "+CC" from the Called Party E.164 address and append the remaining digits to the Address signal.

	
	Odd/even indicator: set as required

	
	Nature of address indicator:

set Nature of Address indicator to "Network routing number concatenated with called directory number" or "National (significant) number" as described in ITU-T Q.769.1 [92]

	
	Internal Network Number Indicator: 

1
routing to internal network number not allowed

	
	Numbering plan Indicator:

001 ISDN (Telephony) numbering plan (Rec. E.164)


*** 4th Change ***

7.2.3.1.2B.1
Coding of the IAM when a Carrier Identification Code (CIC) is present

The procedures followed in clause 7.2.3.1.2.1 apply with the following addition.

Based on network configuration, if the tel-URI parameter in a tel-URI or the userinfo part of a SIP URI with user=phone in the Request-URI of an initial INVITE request, contains a "cic=" parameter, as defined in IETF RFC 4694 [93], the I-MGCF may extract the carrier identification code from the "cic=" field for routeing the call.  If the outgoing IAM message contains the Transit Network Selection (TNS) parameter, as defined in ITU-T Q.763 [4], based on network configuration the TNS may be populated using the carrier identification code from the "cic=" field.  The format of the "cic" parameter (eg. global-cic and local-cic) shall be compliant to IETF RFC 4694 [93].

*** 5th Change ***

7.2.3.1.4
Sending of 180 ringing

The I-MGCF shall send the SIP 180 Ringing when receiving any of the following messages:

-
ACM with Called party's status indicator set to subscriber free.
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NOTE:
Including the P-Early-Media Header is a network option for a speech call.

Figure 6: The receipt of ACM

-
CPG with Event indicator set to alerting
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NOTE:
Including the P-Early-Media Header is a network option for a speech call.

Figure 7: Receipt of CPG (Alerting)

For a speech call, if the I-MGCF supports the P-Early-Media header as a network option, and if the INVITE request includes the P-Early-Media header, the I-MGCF shall include in the SIP 180 Ringing response a P-Early-Media header authorizing early media, except when

-
the I-MGCF has already sent a reliable provisional response (see IETF RFC 3262 [54]) including a P-Early-Media header, as defined in IETF RFC 5009 [89], and

-
the most recently sent P-Early-Media header authorized early media.

NOTE:
If the I-MGCF signals the P-Early-Media header authorizing early media, then the IMS can expect tones or announcements to the calling party to flow from the CS network via an MGW controlled by the I-MGCF. In particular, once the I-MGCF sends the 180 Ringing response, ringback is expected in media from the CS network.
As a network option, an I-MGCF may generate a Call-Info header field, or an Alert-Info header field according to rules and procedures of IETF RFC 3261 [19] to provide media instead of the in-band media received from the PSTN.
If the I-MGCF supports the PSTN XML body as a network option and the I-MGCF interworks media encoded in any of the formats in Table 2a (G.711, Clearmode or t38) without transcoding, the I-MGCF shall map the Access Transport Format received in the CPG or ACM into PSTN XML elements as shown in Table 7a.0f and include this XML body in the 180 Ringing.

Table 7a.0f: ISUP Parameters with Mapping of PSTN XML elements 

	(18x 
	(CPG or ACM 

	PSTN XML 
	ISUP Parameter
	Content

	ProgressIndicator
	Access Transport Parameter
	Progress Indicator

	HighLayerCompatibility
	
	High layer compatibility 

	LowLayerCompatibility
	
	Low layer compatibility

	Bearer Capability
	
	Bearer Capability

	BearerCapability
	Transmission medium used parameter (NOTE )
	

	NOTE : see Clause 7.2.3.1.4.1 Transmission Medium Used parameter (TMU)


If the I-MGCF supports the PSTN XML body as a network option , an available "ProgressIndicator" element in the ACM or CPG contained in the ATP parameter shall be mapped into a Progress Indicator in the PSTN XML body of the 180 ringing as shown in table 7a0g.
Table 7a.0g: Sending criteria of the XML with Progress indicator No (Value of PI)

	( 180 Ringing 
	(ACM

	 PSTN XML body with Progress indicator No (Value of PI)
	Content
Backward call indicators parameter 

Optional backward call indicators parameter

	No. 1

(Call is not end-to-end ISDN: "further progress information may be available in-band")
	Backward call indicators parameter


ISDN User Part indicator



0
"ISDN User Part not used all the way"

	No. 2

("Destination address is non-ISDN")
	Backward call indicators parameter


ISDN User Part indicator



1
"ISDN User Part used all the way"


ISDN access indicator



0
"Terminating access non-ISDN"

	No. 7

meaning: Terminating access ISDN
	Backward call indicators parameter


ISDN User Part indicator



1
"ISDN User Part used all the way"


ISDN access indicator



1
"Terminating access ISDN"

	No.8 

”In-band information or appropriate pattern is now available”
	Optional backward call indicators parameter


In-band information indicator



in-band information or an appropriate pattern is 
now available


*** 6th Change ***

7.2.3.1.9a
Receipt of REFER
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Figure 11a: Receipt of REFER method

Upon receipt of a REFER request at the MGCF , the default behaviour of the O-MGCF is to reject the REFER request with a 403 Forbidden response.
NOTE:
The O-MGCF may also decide for example to execute the REFER request as specified in IETF RFC 3515 [75] as an operator option, but such handling is outside of the scope of the present document.

*** 7th Change ***

7.2.3.2.2B.1
Mapping of “cic” in REQUEST URI Header

The procedures followed in clause 7.2.3.2.2.1 apply with the following addition.
If the Transit Network Selection parameter, defined according to ITU-T Q.761 [4], is included in the IAM message the O-MGCF, based on network configuration, may send the transit network selection information to the SIP network. In such a case the "cic=" parameter as defined in IETF RFC 4694 [93] is included in the SIP-Request URI and configured according to the table below

Table 17d: Mapping of  ISUP "Transit Network Selection" (TNS) to SIP "Carrier Identification Code" (CIC)

	ISUP parameter/field
	Value
	SIP Component
	Value

	Transit Network Selection
	Digits
	Carrier id code in Userinfo of Request URI


	“cic=carrier ID code” as defined in IETF RFC 4694 [93]


*** 8th Change ***

7.2.3.2.3
Receipt of CONTINUITY

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

When the requested preconditions in the IMS (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 confirming that all the required preconditions have been met. 

*** 9th Change ***

7.3.1
Services performed by network entities in the control plane

Services offered by the network entities in the control plane are as detailed in clause 7.2.1.

If ATM transport is applied between the SS7 Signalling function and the Signalling Gateway Function, they shall apply MTP3B (ITU-T Recommendation Q.2210 [46]) over SSCF (ITU-T Recommendation Q.2140 [45]) over SSCOP (ITU-T Recommendation Q.2110 [44]) over AAL5 (ITU-T Recommendation I.363.5 [43]) as depicted in figure 26.

If IP transport is applied between the SS7 Signalling function and the MGCF, they shall support and apply M3UA, SCTP and IP (either IPv4, see RFC 791 [16], or IPv6, see RFC 2460 [39]), as depicted in figure 27.

*** 10th Change ***

7.5.10.1
Interworking at the I-MGCF
If the I-MGCF supports the interworking of CUG simulation service, the I-MGCF shall map between the SIP and ISUP messages in accordance with table 7.5.10.1.1.

Table 7.5.10.1.1: Mapping of SIP messages to ISUP messages

	SIP Message
	ISUP Message

	INVITE request containing a XML CUG body with CUG XML schema 
	IAM containing the Closed user group interlock code Parameter and the closed user group call indicator of the Optional Forward Call Indicator Parameter


If the MGCF supports the interworking of CUG simulation service, the O-MGCF shall interwork the CUG XML schema as defined in 3GPP TS 24.454 [101] with the ISUP Closed user group interlock code parameter and the Closed user group call indicator of the optional forward call indicator parameter in accordance with tables 7.5.10.1.2 and table 7.5.10.1.3.
Table 7.5.10.1.2: Mapping of the SIP XML CUG Element to the ISUP closed usergroup interlock code parameter

	CUG XML Element
	derived value of parameter field
	ISUP Closed user group interlock code Parameter
	Source component value

	NetworkIdenticator
	networkIdentityType = 4 Digit decimal value 
	"Network Identity"
	Octet 1 & Octet 2 including 4 binary coded digits deviated from XML Network Identity in decimal format

	CUGInterlockBinaryCode
	sixteenbitType = 16 bit coded value 
	"Binary Code"
	Octet 3 & Octet 4 including a 16 bit Binary Code deviated from the XML Binary Code


Table 7.5.10.1.3 Mapping of the SIP XML CUG Element to the ISUP closed user group call indicator included in the optional Forward Call Indicator Parameter

	CUG XML Element
	derived value of parameter field
	ISUP "Optional Forward Call Indicator" Parameter
	Source component value

	cugCommunicationIndicator
	Type=00
	"closed user group call" indicator
	non-CUG call

	
	Type=01
	
	spare

	
	Type=10
	
	closed user group call, outgoing access allowed

	
	Type=11
	
	closed user group call, outgoing access not allowed


If the I-MGCF supports the interworking of CUG simulation service, then if an INVITE request with the MIME including a cug XML element is received and the terminating network is not supporting CUG, the I-MGCF shall behave as shown in table 7.5.10.1.4.
Table 7.5.10.1.4: Action at the I-MGCF with a PSTN/ISDN network without CUG capability

	cugCommunicationIndicator in INVITE request
	Action at the I-MGCF

	Type=11 (CUG without outgoing access)
	Release the communication with 403

	Type=10 (CUG with outgoing access)
	Treat the communication as an ordinary call NOTE 

	Non-CUG
	Treat the communication as an ordinary call

	NOTE:
The cugCommunicationIndicator shall not be mapped if appropriate or include the CUG call indicator of the optional forward call indicator to non-CUG call.


*** 11th Change ***

8.1.1.2
Time alignment

The purpose of the time alignment procedure on the Nb interface is to minimise the buffer delay in the RNC for downlink transmissions by adjusting the vocoder time reference within the network. No such procedure exists on the Mb interface, so the IM-MGW shall return NACK indication time alignment not supported according to 3GPP TS 29.415 [26].

*** 12th Change ***

8.1.1.4
Frame quality indication

The Nb interface signals frame quality with the Frame Quality Classification (FQC) field of each speech frame PDU. See 3GPP TS 26.102 [50] and 3GPP TS 29.415 [26] for details. The FQC may have possible values: 0=frame_good; 1=frame_bad; 2=frame_bad_due_to_radio; and 3=spare. The Mb interface signals frame quality with the Q bit (frame quality indicator) field of each speech frame, as defined in RFC 3267 [23]. The Q bit may have values: 1=speech_good; and 0=speech_bad or sid_bad.

Tables 24a and 24b provide the mapping between Mb and Nb interfaces.

Table 24a: Mapping of Mb (Q bit) onto Nb (FQC) 

	Mb - Qbit
	Mb - FT
	Nb - FQC

	1
	x
	0

	0
	x
	1


Table 24b: Mapping Nb onto Mb

	Nb - FQC
	Mb - Qbit
	Mb – FT

	0
	1
	NC

	1
	0
	NO_DATA

	2
	0
	NC


*** 13th Change ***

8.1.1.5
Framing

Even when the IM-MGW bridges compatible codec configurations between the Nb and Mb interfaces, the IM-MGW shall perform translation between the frame formats defined for the two interfaces, since all codec configurations have different framing procedures for the two interfaces. The framing details for Nb are defined in 3GPP TS 26.102 [50] and 3GPP TS 29.415 [26], although they do not describe the framing for ITU-T codecs other than G.711. The framing details for Mb are defined in RFC 3267 [23], RFC 3550 [51], RFC 3551 [52] and RFC 3555 [53].

*** 14th Change ***

8.1.1.8
Timing and sequence information
The IM-MGW shall always correct out-of-sequence delivery between Nb and Mb interfaces, either by re-ordering frames, or by dropping frames that are out of sequence.

When the IuFP frame numbers are based on time and if the IM-MGW bridges compatible codec configurations between the Nb and Mb interfaces, it shall either correct jitter before forwarding PDUs or interwork the RTP timestamp (see RFC 3550 [51]) with the IuFP Frame Number (see 3GPP TS 29.415 [26]) so that both the RTP timestamp and IuFP frame number similarly reflect the nominal sampling instant of the user data in the packet.

NOTE:
Correcting jitter may cause additional delay.
The RTP sequence number (see RFC 3550 [51]) is handled independently on Mb, i.e. it is not interworked with the IuFP Frame Number (see 3GPP TS 29.415 [26]).
*** 15th Change ***

9.2.3.4.2
IM CN subsystem side session establishment

If SDP is received in a provisional response and more than one SIP dialogue exists (signal 13 in figure 39a), the MGCF may either refrain from reconfiguring the IM-MGW, or it may use the Configure IMS Resources procedure (signals 14 and 15 in figure 39a) as detailed below:

-
If the MGCF receives a SIP provisional response containing a P-Early-Media header that authorizes early media and if the MGCF supports the P-Early-Media header as a network option, the MGCF shall provide the remote IP address and UDP port, and the remote codec selected from the received SDP and local configuration data, corresponding to the SIP dialogue of the SIP provisional response containing a P-Early-Media header that authorizes early media. The IM-MGW may be configured to use the remote IP address and port information as source filter for incoming packages to prevent that early media from other early SIP dialogues interfere. The MGCF may also provide an IP address and port source filter that disallows early media from other early dialogues without an early media authorization in order to prevent that such unauthorized early media interfere with the authorized early media. (NOTE 1, NOTE 2)

-
If the MGCF did not receive any SIP provisional response containing a P-Early-Media header that authorizes early media or if the MGCF does not support the P-Early-Media header as a network option, the MGCF may compare the selected local codecs of the different dialogues (which the MGCF selects due to the received SDP answer and local configuration data). If different local codecs are selected for the different dialogues, the MGCF may include all these codecs in the “local IMS resources”, and set the “reserve value” to indicate that resources for all these codecs shall be reserved. Alternatively, the MGCF may only include the codecs received in the last SDP in the “local IMS resources”.

-
If the MGCF did not receive any SIP provisional response containing a P-Early-Media header that authorizes early media or if the MGCF does not support the P-Early-Media header as a network option, the MGCF may update the “remote IMS resources” with the information received in the latest SDP. The MGCF should provide the remote IP address and UDP port, and the remote codec selected from the received SDP and local configuration data. (NOTE 3)

NOTE 1:
The O-MGCF can use the P-Early-Media header (IETF RFC 5009 [89]) to determine whether the media associated with a forked dialog is authorized and thus eligible for a through connection. In the presence of early media for multiple dialogs due to forking, if the IM-MGW is able to identify the media associated with a dialog (i.e., if symmetric RTP is used by the peer and the IM-MGW can use the remote SDP information to determine the source of the media), then the O-MGCF/IM-MGW can selectively establish a through-connection for an authorized early media flow.

NOTE 2:
The behaviour of an O-MGCF supporting the P-Early-Media header as a network option upon the possible reception of SIP provisional responses containing P-Early-Media headers that authorize early media for several early dialogues is left unspecified.

NOTE 3:
The behaviour in the third bullet is beneficial if forking is applied in a sequential manner.

*** 16th Change ***

9.3.1.10
Termination heartbeat indication

This procedure is used to report indication of hanging termination.

Table 30a: Procedures between (G)MSC server and MGW: Hanging termination indication

	Procedure
	Initiated
	Information element name
	Information element required
	Information element description

	Termination heartbeat indication
	MGW
	Context
	M
	This information element indicates the context for the bearer termination.

	
	
	Bearer Termination
	M
	This information element indicates the bearer termination for which the termination heartbeat is reported. 

	
	
	Termination heartbeat
	M
	Hanging Termination event, as defined in 3GPP TS 29.332 [15].

	Termination heartbeat indication Ack
	(G)MSC-S
	Context
	M
	This information element indicates the context where the command was executed.


*** 17th Change ***

9.3.1.12
End IMS RTP Tel event

This procedure is used by the MGCF to indicate to the IM-MGW to stop detection of telephony events signalled within RTP according to IETF RFC 4733 [105]. This procedure is the same as that is defined in the subclause "Stop Detect DTMF" in 3GPP TS 23.205 [27].
*** 18th Change ***

9.3.2.14
Termination heartbeat indication

This procedure is used to report indication of hanging termination.

Table 35a: Procedures between (G)MSC server and MGW: Hanging termination indication

	Procedure
	Initiated
	Information element name
	Information element required
	Information element description

	Termination heartbeat indication
	MGW
	Context
	M
	This information element indicates the context for the bearer termination.

	
	
	Bearer Termination
	M
	This information element indicates the bearer termination for which the termination heartbeat is reported. 

	
	
	Termination heartbeat
	M
	Hanging termination event, as defined in 3GPP TS 29.332 [15].

	Termination heartbeat indication Ack
	(G)MSC-S
	Context
	M
	This information element indicates the context where the command was executed.


*** 19th Change ***

B.2.5
Codec parameter translation between BICC CS network and the IM CN subsystem

The IM CN subsystem uses the Session Description Protocol (SDP, defined in RFC 2327 [56]) to select and potentially re-negotiate the codec type and configuration and associated bearer format attributes to be used in the user plane. RFC 3550 [51] defines the Real Time Protocol (RTP) for framing of all codecs in the user plane, RFC 3551 [52] and RFC 3555 [53] define the framing details for many of the ITU-T codecs, and RFC 3267 [23] defines framing details for the AMR family of codecs. This clause will focus only on codec-specific SDP parameters not already constrained by clause 5.1.1 of TS 26.236 [32]. The signalling plane of the IM CN subsystem uses SDP offer/answer procedures defined in RFC 3264 [36] to select the desired codec type and configuration for the user plane from a prioritized list of codec types and configurations and to re-negotiate the user plane attributes as necessary.

The bearer independent CS network uses the Single Codec and Codec List information elements of the Application Transport Mechanism (APM) defined in ITU-T Q.765.5 [35] to negotiate (offer and select) and potentially re-negotiate the codec type and configuration and associated bearer format attributes to be used in the user plane. TS 29.414 [25] and TS 29.415 [26] define the IuFP framing protocol for all codecs in the user plane for both ATM and IP transport, and TS 26.102 [50] provides the framing details for AMR and PCM family codecs. The Codec List information element of the APM comprises multiple instances of the Single Codec information element in priority order, as shown in Figure 13 of ITU-T Q.765.5 [35]. Figure 14 of ITU-T Q.765.5 [35] defines the Single Codec information element. Clause 11.1.7.2 of ITU-T Q.765.5 [35] defines the encoding of the Single Codec information element for the ITU-T codecs. TS 26.103 [57] defines the encoding of the Single Codec information element for the 3GPP codecs, and Table 7.11.3.1.3-2 of TS 28.062 [58] defines the preferred configurations of the narrowband AMR codecs (Config-NB-Code) for interoperation with TFO. The signalling plane of the bearer independent CS network uses the APM to negotiate the desired codec type and configuration for the user plane from the prioritized list of codec types and to re-negotiate the user plane attributes as necessary.

The following subclauses define the translations between the SDP payload format parameters of the IM CN subsystem and the corresponding subfields of the Single Codec information element of the bearer independent CS network for certain 3GPP and ITU-T codecs. Following these translation rules will in many cases allow the IM-MGW to perform interworking between the framing protocols on the bearer interfaces to the BICC CS network and the IM CN subsystem without transcoding. Implementations may signal other codec types not listed herein or other codec configurations of codec types listed herein. Implementations may also choose to perform transcoding between codec configurations signalled separately for the bearer interfaces to the networks, if necessary, but voice quality may suffer.

*** 20th Change ***

E.2.3.1.1
Interactions between H.245 or MONA and SIP/SDP

Figure E.2.3.1.1.1 shows examples of interactions between H.245 or MONA procedures and SIP/SDP for IM CN subsystem originated session. Most SIP and ISUP or BICC messages are intentionally omitted, since the SDP may be embedded in various SIP messages and since the in‑band H.245 Messages are not tightly coupled with out-of-band ISUP or BICC messages. 
Figure E.2.3.1.1.1 assumes that the IMS peer uses the SIP precondition extension to indicate that preconditions have not yet been met.
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Figure E.2.3.1.1.1: Interactions between H.245 and SIP/SDP for IM CN subsystem originated session
IMS peer indicates unmet local preconditions
Upon receipt of a SIP INVITE request containing speech and video Codecs (signal 1 in figure E.2.3.1.1.1) the Interworking Node (consisting of MGCF and IM-MGW) starts the call set-up for multimedia call at the CS side by sending an IAM requesting an UDI bearer (signal 2 in figure E.2.3.1.1.1).

If SDP local preconditions, which are not yet met, are contained in signal 1, the Interworking node should immediately send an SDP answer to allow for the IMS-side bearer set-up to progress. The Interworking node selects codecs supported by the IM-MGW and likely to be supported within the CS network and communicates the selected codecs towards the IMS side within an SDP answer message (signal 3 in figure E.2.3.1.1.1). If theses codecs are contained in the SDP offer, the Interworking Node should select the H.263 codec and may select other codec from the SDP offer in addition.

The Interworking Node shall engage in an H.223 bearer setup (step 6 in figure E.2.3.1.1.1). If the interworking Node supports MONA (Media Oriented Negotiation Acceleration), it shall first attempt a MONA Channel establishment method negotiation accoding to Annex K of ITU-T Recommendation H.324 Annex K [87]. If the interworking node does not support MONA, it shall use the multiplexing level negotiation procedures of Annex C of H.324 [81]. If the Interworking Node supports MONA, but the remote peer does not do so, a fallback to the multiplexing level negotiation procedures of Annex C of H.324 [81] will occur.

If both the Interworking Node and the remote CS terminal support MONA procedures, the MONA procedures as per ITU-T Recommendation H.324 Annex K [87] may be used to replace the H.245 negotiation (signals 7 – 9) as shown in figure E.2.3.1.1.1.

If MONA procedures are not used, the following applies:

-
After the completion of the H.223 bearer setup at the CS side, the Interworking Node shall send a Terminal Capability Set message describing its own capabilities (signal 7 in figure E.2.3.1.1.1). Unless the Interworking Node supports transcoding, the Interworking Node shall only send codecs that have been offered at the IM CN subsystem side (as received in signal 1 in figure E.2.3.1.1.1) within this message.

-
The Interworking Node will receive an H.245 Terminal Capability Set message describing the supported Codecs at the peer's side (signal 8 in figure E.2.3.1.1.1).

-
The codecs contained both in the sent and received terminal capability set messages may be selected at the CS side. The final decision of the selected codecs at the CS side is taken when the H.245 open logical Channels message (signal 9 in figure E.2.3.1.1.1) is sent or received. The direction of this message is determined by the H.245 master-slave determination procedure.

If the Interworking Node does not transcode, it should indicate the codecs selected within the H.245 negotiation (signal 11 in figure E.2.3.1.1.1) or within the MONA procedures and enable any media that have previously been put on hold at the IMS side after the completion of the H.245 negotiation or MONA procedures.
The interworking node should include in step  11 of figure E.2.3.1.1.1 the SDP ‘a’ attribute “3gpp_MaxRecvSDUSize” indicating the maximum SDU size of the application data that can be transmitted to the receiver without segmentation, as specified in clause 12.2.4.6 of 3GPP TS 26.114 [104].
*** 21st Change ***

E.2.3.2.1
Interactions between H.245 or MONA and SIP/SDP

Figure E.2.3.2.1.1 shows examples of interactions between H.245 or MONA procedures and SIP/SDP for IM CN subsystem originated session. Most SIP and ISUP or BICC messages are intentionally omitted, since the SDP may be embedded in various SIP messages and since the in‑band H.245 Messages are not tightly coupled with out-of-band ISUP or BICC messages. 

Figure E.2.3.2.1.1 assumes that the IMS peer does not use the SIP precondition extension.
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Figure E.2.3.2.1.1 Interactions between H.245 and SIP/SDP for IM CN subsystem originated session
IMS peer does not use SIP preconditions.

Upon receipt of a SIP INVITE request containing speech and video Codecs (signal 1 in figure E.2.3.2.1.1) the Interworking Node (consisting of MGCF and IM-MGW) starts the call set-up for multimedia call at the CS side by sending an IAM requesting an UDI bearer (signal 2 in figure E.2.3.2.1.1).

If no unmet local SDP preconditions are contained in signal 1, the Interworking node should defer sending an SDP answer until the H.245 negotiation or MONA procedures is/are completed.

The Interworking Node shall engage in an H.223 bearer setup (step 5 in figure E.2.3.2.1.1). If the interworking Node supports MONA (Media Oriented Negotiation Acceleration), it shall first attempt a MONA Channel establishment method negotiation accoding to Annex K of ITU-T Recommendation H.324 Annex K [87]. If the interworking node does not support MONA, it shall use the multiplexing level negotiation procedures of Annex C of H.324 [81]. If the Interworking Node supports MONA, but the remote peer does not do so, a fallback to the multiplexing level negotiation procedures of Annex C of H.324 [81] will occur.

If both the Interworking Node and the remote CS terminal support MONA procedures, the MONA procedures as per ITU-T Recommenation H.324 [81] Annex K may be used to replace the H.245 negotiation (signals 6 – 8) as shown in figure E.2.3.2.1.1.

If MONA procedures are not used, the following applies:
-
After the completion of the H.223 bearer setup at the CS side, the Interworking Node shall send a Terminal Capability Set message describing its own capabilities (signal 6 in figure E.2.3.2.1.1). Unless the Interworking Node supports transcoding, the Interworking Node shall only send codecs that have been offered at the IM CN subsystem side (as received in signal 1 in figure E.2.3.2.1.1) within this message.

-
The Interworking Node will receive an H.245 Terminal Capability Set message describing the supported Codecs at the peer's side (signal 7 in figure E.2.3.2.1.1).

-
The codecs contained both in the sent and received terminal capability set message may be selected at the CS side. The final decision of the selected codecs at the CS side is taken when the H.245 open logical Channels message (signal 8 in figure E.2.3.2.1.1) is sent or received. The direction of this message is determined by the H.245 master-slave determination procedure.

If the Interworking Node does not transcode, it shall send an SDP answer (signal 9 in figure E.2.3.2.1.1) indicating the codecs selected within the H.245 negotiation or within the MONA procedures after the completion of the H.245 negotiation or MONA procedures.
The interworking node should include in Step 9 of figure E.2.3.2.1.1 the SDP ‘a’ attribute “3gpp_MaxRecvSDUSize” indicating the maximum SDU size of the application data that can be transmitted to the receiver without segmentation, as specified in clause 12.2.4.6 of 3GPP TS 26.114 [104]. 

*** 22nd Change ***

E.2.4.1.1
Normal Call setup
Figure E.2.4.1.1 shows examples of interactions between H.245 or MONA and SIP/SDP for the CS network originated session. Most SIP and ISUP or BICC messages are intentionally omitted, since the SDP may be embedded in various SIP messages and since the in‑band H.245 Messages are not tightly coupled with out-of-band ISUP or BICC messages.

[image: image7.wmf]Interworking Node

(

MGCF

+ 

IM MGW

)

2

. 

SIP

: 

INVITE 

[

SDP offer

:

,

m 

= 

H

.

263

, 

MP

4

V

-

ES

;

 m

= 

AMR

1

.  

IA

M

3

. 

SIP

: 

[

SDP answer

:

m 

= 

H

.

263

, 

MP

4

V

-

ES

;

 m

= 

AMR

]

8

. 

H

.

245

: 

Terminal Capability Set

[

H

.

263

, 

H

.

261

AMR

, 

G

.

711

]

4

. 

Bearer Establishment

CALL IN ACTIVE STATE

9

. 

SIP

:

[

SDP offer

m 

=: 

H

.

263

, 

H

.

261

;

 m

= 

AMR

]

10

. 

SIP

 

:

[

SDP answer

m 

= 

H

.

263

, 

H

.

261

;

 m

= 

AMR

]

11

. 

H

.

245

: 

Terminal Capability Set

[

H

.

263

, 

H

.

261

AMR

]

12

. 

H

.

245

: 

Open Logical Channels

[

H

.

263

, 

AMR

]

13

. 

SIP

:

[

SDP offer

m 

=: 

H

.

263

;

 a

= 

3

gpp

_

MaxRecvSDUSize 

600

;

 m

= 

AMR

]

1

4

. 

SIP

 

:

[

SDP answer

m 

= 

H

.

263

;

 m

= 

AMR

]

CS Network

IMS

5

. 

SIP

: 

200

OK 

(

INVITE

)

7

. 

H

.

223 

Bearer Setup

 

in

cluding possible

MONA 

Channel establishment method negotiation

6

. 

ANM

Alternative to 

8

-

12

: 

MONA messages


NOTE:
Messages 3 and 5 may be combined in some scenarios.
Figure E.2.4.1.1: Interactions between H.245 and SIP/SDP for CS network originated session
Upon receipt of an IAM request for a multimedia Call (signal 1 in figure E.2.4.1.1) the Interworking Node (consisting of MGCF and IM-MGW) starts the call set-up for multimedia call at the IM CN subsystem side by sending an INVITE request (signal 2 in figure E.2.4.1.1). For the INVITE request, the Interworking Node selects codecs supported by the IM-MGW and likely to be supported within the CS Network. The Interworking Node should select the H.263 codec and may select other codec in addition.
NOTE:
The SDP coding to express that either a combined voice and video call, or a voice call, or a Clearmode codec, or some other data call is desired is not defined in the present release. 

The Interworking Node shall engage in an H.223 bearer setup (step 7 in figure E.2.4.1.1). If the interworking Node supports MONA (Media Oriented Negotiation Acceleration), it shall first attempt a MONA Channel establishment method negotiation accoding to Annex K of ITU-T Recommendation H.324 Annex K [87]. If the interworking node does not support MONA, it shall use the multiplexing level negotiation procedures of Annex C of H.324 [81]. If the Interworking Node supports MONA, but the remote peer does not do so, a fallback to the multiplexing level negotiation procedures of Annex C of H.324 [81] will occur.

If both the Interworking Node and the remote CS terminal support MONA procedures, the MONA procedures as per ITU-T Recommenation H.324 [81] Annex K may be used to replace the H.245 negotiation (signals 8, 11 and 12) as shown in figure E.2.4.1.1. Furthermore, the SIP codec renegotiation in signals 9 and 10 is then also not applicable.

If MONA procedures are not used, the following applies:

-
After the completion of the H.223 bearer setup at the CS side the Interworking Node will receive a H.245 Terminal Capability Set message describing the supported Codecs at the peer's side (signal 8 in figure E.2.4.1.1).

-
Due to information received in a Terminal Capability Set message (signal 8 in figure E.2.4.1.1), the Interworking node may send an SDP offer at the IMS side (signal 9 in figure E.2.4.1.1), to offer additional codecs supported at the CS side but not contained in the first SDP offer (signal 2 in figure E.2.4.1.1), or to restrict the selected codecs at the IMS side to codecs which are available at the CS side.

NOTE:
It is not clear if the addition of codecs not included in previous SDP exchange has any impacts on IMS procedures, e.g. resource reservation related procedures.
-
The Interworking Node shall send a Terminal Capability Set message describing its own capabilities (signal 11 in figure E.2.4.1.1). Unless the Interworking Node supports transcoding, the Interworking node shall only send codecs that are also negotiated at the IM CN subsystem side (as received in signal 3 in figure E.2.4.1.1) within this message. The Interworking Node may defer sending the Terminal Capability Set message for some time to attempt to receive the peer's Terminal Capability set message and perform a possible IMS-side codec re-negotiation. However, to avoid blocking situations, the Interworking Node shall not defer sending the Terminal Capability Set message for an excessive period of time.

-
The codecs contained both in the sent and received Terminal Capability Set message may be selected at the CS side. The final decision of the selected codecs at the CS side is taken when the H.245 open logical Channels message (signal 12 in figure E.2.4.1.1) is sent or received. The direction of this message is determined by the H.245 master-slave determination procedure.

If the Interworking Node does not transcode, it should indicate the codecs selected within the H.245 negotiation or within MONA procedures after the completion of the H.245 negotiation (signal 13 in figure E.2.4.1.1) or MONA procedures.
The interworking node should include in Step 11 of figure E.2.4.1.1 the SDP ‘a’ attribute “3gpp_MaxRecvSDUSize” indicating the maximum SDU size of the application data that can be transmitted to the receiver without segmentation, as specified in clause 12.2.4.6 of 3GPP TS 26.114 [104].

*** 23rd Change ***

E.2.4.1.2
Call setup if multimedia call can not be recognized in an unambiguous manner

If the Interworking Node is not able to determine from the information within the IAM request whether a multimedia call or some other type of data call is requested (for example, if only TMR=UDI but no BC IE is contained in the IAM), the Interworking Node may also include appropriate codecs for other possible types of data call it supports in the INVITE request. If video and audio codecs are contained in the first SDP answer (signal 3), the Interworking Node should continue to attempt to set up a multimedia call as described in Clause E.2.4.1.1. Otherwise, calls are set up as described in Clause 7.2.3.2.
*** 24th Change ***

E.4.1
Introduction
This clause describes requirements for extensions to the Mn interface protocol in 3GPP TS 29.332 [15] needed to support the Interworking of multimedia calls. ITU-T Recommendation H.248.1 [2] is used at the Mn interface. 
The H.245 signalling shall be handled by the MGCF. Upon reception of the H.245 messages from the CS side at the IM-MGW, the IM-MGW shall forward those H.245 messages as binary data within H.248 messages over the Mn interface towards the MGCF. Upon reception of encapsulated binary H.245 messages within H.248 messages, the IM-MGW shall forward those H.245 messages towards the CS side. 
NOTE:
Procedures to support MONA (see Annex K of ITU-T Recommendation H.324 [87]) over the Mn interface are not defined in the present Release. Furthermore, the signalling flows in Clause E.2 may not show MONA related signalling in sufficient detail for MONA related Mn interface interactions.

*** End of Changes ***
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