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* * *  2nd  Change  * * *

7.2.3.1.1
Sending of IAM 

On reception of a SIP INVITE requesting a session, the I‑MGCF shall send an IAM message. The allowed sessions are given in subclause 7.2.3.1.2.5.

An I-MGCF shall support both incoming INVITE requests containing SIP preconditions and 100rel extensions in the SIP Supported or Require header fields, and INVITE requests not containing these extensions, unless the Note below applies.

NOTE:
If the I-MGCF is deployed in an IMS network that by local configuration serves no user requiring preconditions, the MGCF may not support incoming requests requiring preconditions. 

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

If the SIP precondition extension is not included in the Supported or Require header field, the I-MGCF shall send an IAM immediately after the reception of the INVITE, as shown in figure 3. The I-MGCF shall set the continuity indicators to "Continuity check not required".

If a Continuity Check procedure is supported in the ISUP network and SIP precondition extension are included in the SIP Supported or Require header field, the I-MGCF shall send the IAM immediately after the reception of the INVITE, as shown in figure 3. If the received SDP indicates that precondition is fulfilled the I-MGCF shall set the continuity indicators to "continuity check is not required". If the received SDP indicates that precondition is not fulfilled the I-MGCF shall set the continuity indicators to "continuity check performed on a previous circuit". The procedure in figure 3 applies when the value of the continuity indicator is either set to "continuity check required", "continuity check performed on a previous circuit" or "continuity check not required". 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 Continuity Check procedure is not supported in the ISUP network, and the SDP in the received INVITE request contains preconditions not met, the I-MGCF shall delay sending the IAM until the SIP preconditions are met and set the continuity indicators in the resulting IAM to "Continuity check not required".
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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 488 "Not Acceptable Here". 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 IETF 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 IETF RFC 3261 [19].

If an MGCF discovers an emergency call it shall, depending on national requirements, map that to appropriate indication in ISUP.
According to IETF RFC 3261 [19] and IETF RFC 3264 [36], if an INVITE message is received without an SDP offer, then the I-MGCF sends an SDP offer in the first reliable non-failure message.
* * *  3rd  Change  * * *

7.2.3.1.3
Sending of COT
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Figure 5: Sending of COT

If the IAM has already been sent, the Continuity message shall be sent indicating "continuity check successful", when all of the following conditions have been met:

-
The requested remote preconditions (if any) in the IMS network have been met.
-
The media stream previously set to inactive mode is set to active (as specified in IETF RFC 4566 [56]).
-
Local preconditions have been fulfilled.
-
A possible outstanding continuity check procedure is successfully performed on the outgoing circuit.
* * *  4th  Change  * * *
7.3.3.1.1
Sending of IAM 

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

An I-MGCF shall support both incoming INVITE requests containing SIP preconditions and 100rel extensions in the SIP Supported or Require header fields, and INVITE requests not containing these extensions, unless the Note below applies.

NOTE:
If the I-MGCF is deployed in an IMS network that by local configuration serves no user requiring preconditions, the MGCF may not support incoming requests requiring preconditions. 

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


[image: image5.wmf] 

INVITE

 

IAM

 

I

-

MGCF

 


Figure 28: Receipt of INVITE 

The I-MGCF shall reject an INVITE request for a session only containing unsupported media types by sending a status code 488 "Not Acceptable Here". If audio media streams and non-audio media streams are contained in a single INVITE request, the non-audio media streams shall be rejected in the SDP answer, as detailed in IETF RFC 3264 [36].

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 IETF RFC 3261 [19].
* * *  5th  Change  * * *
7.3.3.1.3
Sending of COT
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Figure 29: Sending of COT

If the IAM has already been sent, then the Continuity message shall be sent indicating "continuity check successful", when all of the following conditions have been met.

-
When the requested remote preconditions (if any) in the IMS have been met. 

-
The media stream previously set to inactive mode is set to active (as specified in IETF RFC 4566 [56]).
-
Local preconditions have been fulfilled.
* * *  6th  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 IETF RFC 4566 [56]) to select and potentially re-negotiate the codec type and configuration and associated bearer format attributes to be used in the user plane. IETF RFC 3550 [51] defines the Real Time Protocol (RTP) for framing of all codecs in the user plane, IETF RFC 3551 [52] and IETF RFC 3555 [53] define the framing details for many of the ITU-T codecs, and IETF 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 3GPP TS 26.236 [32]. The signalling plane of the IM CN subsystem uses SDP offer/answer procedures defined in IETF 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 Recommendation 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. 3GPP TS 29.414 [25] and 3GPP TS 29.415 [26] define the IuFP framing protocol for all codecs in the user plane for both ATM and IP transport, and 3GPP 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 Recommendation Q.765.5 [35]. Figure 14 of ITU-T Recommendation Q.765.5 [35] defines the Single Codec information element. Clause 11.1.7.2 of ITU-T Recommendation Q.765.5 [35] defines the encoding of the Single Codec information element for the ITU-T codecs. 3GPP 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 3GPP 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.

* * *  End of Changes  * * *
�PAGE \# "'Page: '#'�'"  �� � HYPERLINK "http://www.3gpp.org/ftp/Information/DocNum_FTP_structure_V3.zip" ��Document numbers� are allocated by the Working Group Secretary.   Use the format of document number specified by the � HYPERLINK "http://www.3gpp.org/About/WP.htm" ��3GPP Working Procedures�.


�PAGE \# "'Page: '#'�'"  �� Enter the specification number in this box. For example, 04.08 or 31.102. Do not prefix the number with anything . i.e. do not use "TS", "GSM" or "3GPP" etc.


�PAGE \# "'Page: '#'�'"  �� Enter the CR number here. This number is allocated by the 3GPP support team.  It consists of at least four digits, padded with leading zeros if necessary.


�PAGE \# "'Page: '#'�'"  �� Enter the revision number of the CR here. If it is the first version, use a "-".


�PAGE \# "'Page: '#'�'"  �� Enter the version of the specification here. This number is the version of the specification to which the CR was written and (normally) to which it will be applied if it is approved. Make sure that the latest version of the specification (of the relevant release) is used when creating the CR. If unsure what the latest version is, go to � HYPERLINK "http://www.3gpp.org/3G_Specs/3G_Specs.htm" ��� � HYPERLINK "http://www.3gpp.org/specs/specs.htm" ��http://www.3gpp.org/specs/specs.htm�.


�PAGE \# "'Page: '#'�'"  �� For help on how to fill out a field, place the mouse pointer over the special symbol closest to the field in question.


�PAGE \# "'Page: '#'�'"  �� Mark one or more of the boxes with an X.


�PAGE \# "'Page: '#'�'"  �� SIM / USIM / ISIM applications.


�PAGE \# "'Page: '#'�'"  �� Enter a concise description of the subject matter of the CR. It should be no longer than one line, but if this is not possible, do not enter hard new-line characters.  Do not use redundant information such as "Change Request number xxx to 3GPP TS xx.xxx".


One or more organizations (3GPP Individual Members) which drafted the CR and are presenting it to the Working Group.


For CRs agreed at Working Group level, the identity of the WG.  Use the format "xn" where �	x = "C" for TSG CT, "R" for TSG RAN, "S" for TSG SA, "G" for TSG GERAN; �PAGE \# "'Page: '#'�'"  ���	n = digit identifying the Working Group; for CRs drafted during the TSG meeting itself, use "P". �Examples: "C4", "R5", "G3new", "SP".


�PAGE \# "'Page: '#'�'"  �� Enter the acronym for the work item which is applicable to the change. This field is mandatory for category F, A, B & C CRs for Release 4 and later. A list of work item acronyms can be found in the 3GPP work plan. See �� HYPERLINK "http://www.3gpp.org/ftp/Specs/html-info/WI-List.htm" ��http://www.3gpp.org/ftp/Specs/html-info/WI-List.htm� .


�PAGE \# "'Page: '#'�'"  �� Enter the date on which the CR was last revised.  Format to be interpretable by English version of MS Windows ® applications, e.g. 19/02/2006.


�PAGE \# "'Page: '#'�'"  �� Enter a single letter corresponding to the most appropriate category listed. For more detailed help on interpreting these categories, see Technical Report �HYPERLINK "http://www.3gpp.org/ftp/Specs/html-info/21900.htm"��21.900� "TSG working methods".


�PAGE \# "'Page: '#'�'"  �� Enter a single release code from the list below.


�PAGE \# "'Page: '#'�'"  �� Enter text which explains why the change is necessary.


�PAGE \# "'Page: '#'�'"  �� Enter text which describes the most important components of the change. i.e. How the change is made.


�PAGE \# "'Page: '#'�'"  �� Enter here the consequences if this CR were to be rejected. It is mandatory to complete this section only if the CR is of category "F" (i.e. correction), though it may well be useful for other categories.


�PAGE \# "'Page: '#'�'"  �� Enter the number of each clause which contains changes.   Be as specific as possible (ie list each subclause, not just the umbrella clause).


�PAGE \# "'Page: '#'�'"  �� Tick "yes" box if any other specifications are affected by this change.  Else tick "no".  You MUST fill in one or the other.


�PAGE \# "'Page: '#'�'"  �� List here the specifications which are affected or the CRs which are linked.


�PAGE \# "'Page: '#'�'"  �� Enter any other information which may be needed by the group being requested to approve the CR. This could include special conditions for it's approval which are not listed anywhere else above.





_1107612598.doc


IAM







SDP indicating pre-conditions met







INVITE







I-MGCF












_1192515480.doc


I-MGCF







COT







 SDP indicating  pre-conditions  met 



And/or 



Active media
















_1357687031.doc


I-MGCF







COT







SDP indicating �preconditions met  and/or �active media












_1357687095.doc


I-MGCF







COT







SDP indicating �preconditions met  and/or �active media












_1107612850.doc


I-MGCF







COT







 SDP indicating  pre-conditions  met     












_1107612327.doc






I-MGCF







IAM







INVITE












_1107611869.doc






I-MGCF







IAM







INVITE












