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***************************First Change **********************

2
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· 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]
3GPP TR 21.905: "Vocabulary for 3GPP Specifications".
[2]
3GPP TS 23.002: "Network architecture".
[3]
3GPP TS 23.292: "IP Multimedia Subsystem (IMS) Centralized Services; Stage 2".
[4]
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[6]
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3GPP TS 23.153: "Out of band transcoder control; Stage 2".
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RFC 3263 (June 2002): " Session Initiation Protocol (SIP): Locating SIP Servers".
[15]
RFC 3265 (June 2002): "Session Initiation Protocol (SIP) Specific Event Notification".

[16]
RFC 3680 (March 2004): "A Session Initiation Protocol (SIP) Event Package for Registrations".
[17]
draft-ietf-sipping-gruu-reg-event-09 (July 2007): "Reg Event Package Extension for GRUUs".

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

[18]
RFC 3840 (August 2004): "Indicating User Agent Capabilities in the Session Initiation Protocol (SIP)".
[19]
3GPP TS 24.228 Release 5: "Signalling flows for the IP multimedia call control based on Session Initiation Protocol (SIP) and Session Description Protocol (SDP); Stage 3".
[20]
3GPP TS 24.604: "Communication Diversion (CDIV) using IP Multimedia (IM) Core Network (CN) subsystem; Protocol specification".
[21]
3GPP TS 24.611: "Anonymous Communication Rejection (ACR) and Communication Barring (CB); using IP Multimedia (IM) Core Network (CN) subsystem; Protocol specification".

[22]
3GPP TS 24.610: "Communication HOLD (HOLD) using IP Multimedia (IM) Core Network (CN) subsystem; Protocol specification".

[23]
3GPP TS 24.629: "Explicit Communication Transfer (ECT) using IP Multimedia (IM) Core Network (CN) subsystem; Protocol specification".

[24]
3GPP TS 24.605: "Conference (CONF) using IP Multimedia (IM) Core Network (CN) subsystem; Protocol specification".

[25]
3GPP TS 24.147: "Conferencing using the IP Multimedia (IM) Core Network (CN) subsystem; Stage 3".

[26]
3GPP TS 24.607: "Originating Identification Presentation (OIP) and Originating Identification Restriction (OIR) using IP Multimedia (IM) Core Network (CN) subsystem; Protocol specification".

[27]
3GPP TS 24.608: "Terminating Identification Presentation (TIP) and Terminating Identification Restriction (TIR) using IP Multimedia (IM) Core Network (CN) subsystem; Protocol specification".
[28]
3GPP TS 22.173: "IP Multimedia Core Network Subsystem (IMS) Multimedia Telephony Service and supplementary services".
[29]
3GPP TS 29.328: "IP Multimedia Subsystem (IMS) Sh interface; Signalling flows and message contents".

[30]
3GPP TS 29.329: "Sh interface based on the Diameter protocol; Protocol details".
[31]
3GPP TS 24.293: "ICS Protocol via I1 Interface".
[32]
3GPP TS 24.615: "Communication Waiting (CW) using IP Multimedia (IM) Core Network (CN) subsystem; Protocol Specification".
***************************Second Change ******************

3.1
Definitions

For the purposes of the present document, the terms and definitions given in 3GPP TR 21.905 [1] and the following apply. A term defined in the present document takes precedence over the definition of the same term, if any, in 3GPP TR 21.905 [1].

For the purposes of the present document, the following terms and definitions given in 3GPP TS 23.292 [3] apply:

ICS UE
MSC Server enhanced for ICS

SCC AS
For the purposes of the present document, the following terms and definitions given in 3GPP TS 24.629 [23] apply:

transferee

transferor

transfer target
***************************Third Change ******************

6.1
Introduction

This clause specifies procedures that are related to registration in the IM CN subsystem that are required for support of ICS. Both when the ICS UE generates the registration and when the MSC Server enhanced for ICS generates the registration is covered.
Subclause A.3 gives examples of signalling flows for registration.
***************************4th Change ******************

6.3.1
General

Prior to performing registration on behalf of a UE, the MSC Server enhanced for ICS shall generate 
-
a private user identity;

-
a temporary public user identity; and

-
a home network domain name to address the REGISTER request to;

in accordance with the procedures as described in 3GPP TS 23.003 [9].
Note:
The condition when the MSC Server enhanced for ICS initiates registration on behalf of a UE is described in 3GPP TS 29.292 [6].

Editor's note: The MSC Server enhanced for ICS needs to provide the instance ID. The content of the instance id and how it is provided requires further study.

**************************5th Change *********************

7.2.2 ICS UE using Gm

There are no ICS specific requirements for the origination of calls that may be subject to ICS.

When the ICS UE originates a CS call using Gm reference point, the ICS UE shall:
-
send a SIP INVITE request towards the IM CN subsystems as specified in 3GPP TS 24.229 [4]. The UE shall populate the SIP INVITE request as follows:
-
the SDP payload is proposing an audio stream over a circuit-switched bearer, and including an indication that the related local preconditions for QoS as not met as specified in 3GPP TS 24.229 [4].

-
when the ICS UE receives a reliable 1xx provisional response from the network, the ICS UE shall send a CC SETUP message in accordance with 3GPP TS 24.008 [5]. The UE shall populate the CC SETUP message as follows:

-
the called party BCD number information element set to the PSI DN received in the 1xx provisional response

Editor’s Note: The header/body field in the 1xx provisional response which carries the PSI DN is FFS.

-
when the resources are available to the UE, the ICS UE shall send an SDP offer or answer, as appropriate, including an indication that the related local preconditions for QoS as met as specified in 3GPP TS 24.229 [4].
***************************6th Change *******************

7.2.4
ICS UE using CS

The ICS UE shall implement the call origination towards SCC AS suitable for ICS via CS domain as specified in 3GPP TS 24.008 [5].
**************************7th Change *********************

8.2.2
ICS UE using Gm

There are no ICS specific requirements for the terminating of calls that may be subject to ICS.

When the ICS UE receives a SIP INVITE request and the ICS UE terminates a CS call using the Gm reference point, the ICS UE shall:
-
send a reliable 1xx provisional response towards the IM CN subsystems as specified in 3GPP TS 24.229 [4]. The UE shall populate the 1xx provisional response as follows:

-
the SDP payload is proposing an audio stream over a circuit-switched bearer, and including an indication that the local preconditions for QoS as not met as specified in 3GPP TS 24.229 [4].
-
send a CC SETUP message in accordance with 3GPP TS 24.008 [5]. The UE shall populate the CC SETUP message as follows:

-
the called party BCD number information element set to the PSI DN received in the SIP INVITE request.

Editor’s Note: The header/body field in the SIP INVITE request which carries the PSI DN is FFS.

-
when the resources are available to the UE, and if the UE has already received an indication from the origination side that related local preconditions for QoS as met on the originating side, shall send a 180 Ringing message and continue the call setup as specified in 3GPP TS 24.229 [4].
*************************8th Change **********************

8.2.4
ICS UE using CS
ICS UE shall implement the call termination suitable for ICS via CS domain as specified in 3GPP TS 24.008 [5].
**********************9th Change **********************

9.2.2
ICS UE using Gm

The ICS UE shall support session release suitable for ICS via Gm reference point as specified in 3GPP TS 24.229 [4].
If the ICS UE was using a CS bearer, the UE shall release the resources in accordance with 3GPP TS 24.008 [5], to release the CS bearer .
NOTE: The order of releasing the CS or PS resources is an implementation issue.

************************10th Change **********************

9.2.4
ICS UE using CS

The ICS UE shall implement the bearer release towards SCC AS suitable for ICS via CS domain in accordance with 3GPP TS 24.008 [5].

*************************11th Change **********************

A.5
Signalling flows for call termination

A.5.1
Signalling flows for termination to a CS UE registered in IMS using an MSC Server enhanced for ICS codec negotiation is supported 

Editor's Note:
Do we need to revisit the title "codec negotiation is supported"?

Figure A.5.1-1 shows the termination of a call to a CS UE via the MSC Server enhanced for ICS. Codec negotiation is performed.

Editor's Note: The value of the Contact header throughout this flow is FFS. The Accept header must also be added as necessary throughout this flow.
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Figure A.5.1-1: CS UE Termination with CS media using an MSC Server enhanced for ICS (with codec negotiation)

The details of the signalling flows are as follows:

1.
SIP INVITE request (from the originating IM CN subsystem to intermediate IM CN subsystem entities) - see example in table A.5.1-1


The SIP INVITE request is sent by the originating IM CN subsystem to the intermediate IM CN subsystem entities.

Table A.5.1-1: SIP INVITE request (originating IM CN subsystem to intermediate IM CN subsystem entities) 

INVITE sip:user2_public2@home2.net SIP/2.0

Via: SIP/2.0/UDP icscf2_s.home2.net;branch=z9hG4bK871y12.1, SIP/2.0/UDP scscf1.home1.net;branch=z9hG4bK332b23.1, SIP/2.0/UDP pcscf1.home1.net;branch=z9hG4bK431h23.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]:1357;comp=sigcomp;branch=z9hG4bKnashds7

Max-Forwards: 67

Route: <sip:scscf2.home2.net;lr>

Record-Route: <sip:scscf1.home1.net;lr>, <sip:pcscf1.home1.net;lr>
P-Access-Network-Info: 3GPP-UTRAN-TDD; utran-cell-id-3gpp=234151D0FCE11
P-Asserted-Identity: "John Doe" <sip:user1_public1@home1.net>, <tel:+1-212-555-1111>

P-Charging-Vector: icid-value="AyretyU0dm+6O2IrT5tAFrbHLso=023551024"; orig-ioi=home1.net

P-Asserted-Service: urn:urn-xxx:3gpp-service.ims.icsi.mmtel

Accept-Contact: *;+g.3gpp.icsi_ref="urn%3Aurn-xxx%3gpp-service.ims.icsi.mmtel"
Privacy: none

From: <sip:user1_public1@home1.net>;tag=171828

To: <tel:+1-212-555-2222>

Call-ID: cb03a0s09a2sdfglkj490333

Cseq: 127 INVITE

Supported: 100rel, precondition, gruu
Contact:+g.3gpp.icsi_ref="urn%3Aurn-xxx%3gpp-service.ims.icsi.mmtel">

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE

Content-Type: application/sdp

Content-Length: (…)

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:ddd

s=-

c=IN IP6 5555::aaa:bbb:ccc:ddd
t=0 0

m=video 3400 RTP/AVP 98 99
b=AS:75

a=curr:qos local none

a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos none remote sendrecv

a=inactive

a=rtpmap:98 H263

a=fmtp:98 profile-level-id=0

a=rtpmap:99 MP4V-ES
m=audio 3456 RTP/AVP 97 0 96

b=AS:25.4

a=curr:qos local none

a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos none remote sendrecv

a=rtpmap:97 AMR 

a=fmtp:97 mode-set=0,2,5,7; mode-change-period=2

a=rtpmap:96 telephone-event

a=maxptime:20


Request-URI:
the SIP URI or tel URI of the called party. In this example the SIP  URI of the called party is included, which may have been translated from a tel URI by the S-CSCF in the originating IM CN subsystem.


P-Asserted-Service and Contact:
the ICSI  defined for MMtel is included as this flow assumes a 3GPP R8 IMS UE originator. This for example purposes only, the ICSI might not be included for other originator types.

2.
SIP 100 (Trying) response (from intermediate IM CN subsystem entities to the originating IM CN subsystem) - see example in table A.5.1-2

The intermediate IM CN subsystem entities respond to the originating IM CN subsystem with a SIP 100 (Trying) response. There is no ICS specific content in this response.

Editor's note:
The reference to table A.5.1.2 probably is not needed and should be deleted. Otherwise a table should be added.

3.
Evaluation of initial filter criteria

The S-CSCF evaluates initial filter criteria for the CS user and as a result routes the SIP INVITE request towards the SCC AS. 

4.
SIP INVITE request (from intermediate IM CN subsystem entities to SCC AS) – see example in table A.5.1-4.


The intermediate IM CN subsystem entities route the INVITE request to the SCC AS.
Table A.5.1-4: SIP INVITE request (intermediate IM CN subsystem entities to SCC AS)
INVITE sip:user2_public2@home2.net SIP/2.0

Via: SIP/2.0/UDP scscf2.home2.net;branch=z9hG4bK332b33.1, icscf2_s.home2.net;branch=z9hG4bK871y12.1, SIP/2.0/UDP scscf1.home1.net;branch=z9hG4bK332b23.1, SIP/2.0/UDP pcscf1.home1.net;branch=z9hG4bK431h23.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]:1357;comp=sigcomp;branch=z9hG4bKnashds7

Max-Forwards: 66
Route: <sip:sccas2.home2.net;lr>, <sip:cb03a0s09a2sdfglkj490333@scscf2.home2.net;lr>;orig-dialog-id="O:73935718_92645110-712786jd246395302d-zKE"
Record-Route: <sip:scscf2.home2.net;lr>, <sip:scscf1.home1.net;lr>, <sip:pcscf1.home1.net;lr>
P-Access-Network-Info:
P-Asserted-Identity:
P-Charging-Vector:
P-Asserted-Service:
Accept-Contact:
Privacy:
From:
To:
Call-ID:
Cseq:
Supported:

Contact:
Allow:
Content-Type:
Content-Length: (…)

v=0

o=

s=
c=

t=
m=

b=

a=

a=

a=

a=

a=

a=

a=

a=
m=

b=
a=

a=

a=

a=
a=

a=

a=

a=
5.
SIP 100 (Trying) response (from SCC AS to intermediate IM CN subsystem entities)
The SCC AS responds to the intermediate IM CN subsystem entities with a SIP 100 (Trying) response. There is no ICS specific content in this response.

6.
SIP INVITE request (from SCC AS to intermediate IM CN subsystem entities) - see example in table A.5.1-6

The SCC AS acting as a routing B2BUA generates a SIP INVITE request based upon the received SIP INVITE request and sends it to the intermediate IM CN subsystem entities.

Table A.5.1-6: SIP INVITE request (SCC AS to intermediate IM CN subsystem entities)

INVITE sip:user2_public2@home2.net SIP/2.0
Via: SIP/2.0/UDP sccas2.home2.net;branch=z9hG4bKnas34r5
Max-Forwards: 65
Route: <sip:cb03a0s09a2sdfglkj490333@scscf2.home2.net;lr>;orig-dialog-id="O:73935718_92645110-712786jd246395302d-zKE"
P-Access-Network-Info:
P-Asserted-Identity:
P-Charging-Function-Addresses: ccf=[5555::b99:c88:d77:e66]; ccf=[5555::a55:b44:c33:d22]; ecf=[5555::1ff:2ee:3dd:4ee]; ecf=[5555::6aa:7bb:8cc:9dd]
P-Charging-Vector:
P-Asserted-Service:
Accept-Contact:
Privacy:
From:
To:
Call-ID: f81d4fae-7dec-11d0-a765-00a0c91e6bf6
Cseq:
Supported:
Contact: <sip:sccas2.home2.net>

Allow:
Content-Type:
Content-Length: (…)

v=

o=
s=

c=
t=

m=

b=

a=

a=

a=

a=

a=

a=

a=

a=
m=
b=
a=
a=
a=

a=
a=
a=

a=

a=


Via:
the SCC AS, acting as a B2BUA, replaces the Via header with one containing only its own SIP URI.


Contact:
the SCC AS, acting as a B2BUA, replaces the Contact header with one containing its own SIP URI.


No more triggering is required in the initial filter criteria, the IM CN subsystem will route the SIP INVITE request to the terminating user.
7.
SIP 100 (Trying) response (from intermediate IM CN subsystem entities to SCC AS)

The intermediate IM CN subsystem entities respond to the SCC AS with a SIP 100 (Trying) response. There is no ICS specific content in this response.
8.
SIP INVITE request (from intermediate IM CN subsystem entities to MSC Server enhanced for ICS) - see example in table A.5.1-8


The intermediate IM CN subsystem entities route the SIP INVITE request to the MSC Server enhanced for ICS.
Table A.5.1-8: SIP INVITE request (intermediate IM CN subsystem entities to MSC Server enhanced for ICS)

INVITE sip:+358504821437@msc2.home2.net SIP/2.0
Via: SIP/2.0/UDP scscf2.home2.net;branch=z9hG4bK433b44.1, SIP/2.0/UDP sccas2.home2.net;branch=z9hG4bKnas34r5
Max-Forwards: 64
Route: <sip:msc2.home2.net;lr>

Record-Route: <sip:scscf2.home2.net;lr>
P-Asserted-Identity: 

P-Charging-Function-Addresses:
P-Charging-Vector:
P-Asserted-Service:

P-Called-Party-ID: <sip:user2_public2@home2.net>

Accept-Contact:
Privacy:
From:
To:
Call-ID:
Cseq:
Supported:
Contact:
Allow:
Content-Type:
Content-Length: (…)

v=0

o=
s=

c=

t=

m=

b=

a=

a=

a=

a=

a=

a=

a=

a=

m=

b=

a=

a=

a=

a=
a=
a=

a=

a=


Request-URI:
the S-CSCF replaces the Request-URI with the registered contact address.

Editor’s Note:
The Request-URI in this request is built from the contents of the Contact URI from the chosen route.This has a dependency on the Contact URI used by the MSC Server enhanced for ICS during registration.
9.
SIP 100 (Trying) response (from MSC Server enhanced for ICS to intermediate IM CN subsystem entities)

The MSC Server enhanced for ICS responds to the intermediate IM CN subsystem entities with a SIP 100 (Trying) response.  There is no ICS specific content in this response.
10.
SETUP message (from MSC Server enhanced for ICS to CS UE)

The MSC Server enhanced for ICS identities the subscriber using the Request-URI and initiates the paging procedure towards the terminating CS UE. After the CS UE has successfully accessed the network, the MSC Server enhanced for ICS sends a SETUP message towards the CS UE according to 3GPP TS 24.008 [5, providing the interworking as described in 3GPP TS 29.292 [6].


Specifically for this signalling flow, the SETUP message includes:

-
Calling Party BCD Number information element = [(Numbering plan identifier = ISDN/telephony numbering plan), (type of number = international number ), (Presentation indicator=presentation allowed), (Screening indicator=network provided), (Number digits = 1212551111)]
-
Bearer Capability 1 information element = [(information transfer capability = speech)]
11.
CALL CONFIRMED message (from CS UE to MSC Server enhanced for ICS)

The CS UE sends a CALL CONFIRMED message towards the MSC Server enhanced for ICS according to 3GPP TS 24.008 [5].  Specifically for this signalling flow, the CALL CONFIRMED message includes:

-
Supported Codec List information element = {[(SysID 1 = UMTS), (Codec Bitmap for SysID 1 = UMTS AMR2)], [(SysID 2 = GSM), (Codec Bitmap for SysID 2 = FR AMR, GSM EFR, GSM FR)]}

In this example, no Bearer Capability 1 information element is returned.

As the node terminating the out of band transcoder control procedures as specified in 3GPP TS 23.153 [7], the MSC Server enhanced for ICS selects a single selected codec.

12.
Reserve / Configure RTP (from MSC Server enhanced for ICS to CS-MGW)

The MSC Server enhanced for ICS performs CS-MGW selection and requests the CS-MGW to prepare for network side bearer establishment. The MSC Server enhanced for ICS removes the video media description from the SDP offer and then requests reservation and configuration of a local RTP endpoint. The MSC Server enhanced for ICS also sends the selected speech codec and the remote user plane RTP information received from the SDP offer to the CS-MGW. The MSC Server enhanced for ICS receives the local RTP endpoint information from the CS-MGW.

13.
SIP 183 (Session Progress) response (from MSC Server enhanced for ICS to intermediate IM CN subsystem entities) - see example in table A.5.1-13


The MSC Server enhanced for ICS returns an SDP answer. The video media description has been removed and only the audio media description is included.

Table A.5.1-13: SIP 183 (Session Progress) response (MSC Server enhanced for ICS to intermediate IM CN subsystem entities)

SIP/2.0 183 Session Progress
Via: SIP/2.0/UDP scscf2.home2.net;branch=z9hG4bK433b44.1, SIP/2.0/UDP sccas2.home2.net;branch=z9hG4bKnas34r5
Record-Route: <sip:scscf2.home2.net;lr>
P-Asserted-Identity: <sip:user2_public2@home2.net>
P-Charging-Vector: icid-value="AyretyU0dm+6O2IrT5tAFrbHLso=023551024"
From:
To: <tel:+1-212-555-2222>;tag=314159
Call-ID:
Cseq:
Require: 100rel
Contact: <sip:msc2.home2.net>
Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER
Rseq: 9021

Content-Type: application/sdp
Content-Length: (…)

v=0

o=- 2987933623 2987933623 IN IP6 5555::eee:fff:aaa:bbb
s=-
c=IN IP6 5555::eee:fff:aaa:bbb
t=0 0
m=video 0 RTP/AVP 98 99

m=audio 6544 RTP/AVP 97 96
b=AS:25.4
a=curr:qos local none
a=curr:qos remote none
a=des:qos mandatory local sendrecv
a=des: qos mandatory remote sendrecv
a=conf:qos remote sendrecv

a=rtpmap:97 AMR
a=fmtp:97 mode-set=0,2,5,7; mode-change-period=2

a=rtpmap:96 telephone-event

a=maxptime:20

P-Asserted-Identity: the value taken from the P-Called-Party-ID header in the INVITE request.


The SDP answer in the 183 (Session Progress) response contains a single selected codec and a request for confirmation of when remote preconditions are met.

14-16.
SIP 183 (Session Progress) response (from intermediate IM CN subsystem entities to SCC AS)

The SIP 183 (Session Progress) response is routed to the originating IM CN subsystem via the SCC AS and intermediate IM CN subsystem entities.

17-20.
SIP PRACK request and SIP 200 (OK) response

The SIP PRACK request and its SIP 200 (OK) response are routed end-to-end between the originating IM CN subsystem, intermediate IM CN subsystem entities, SCC AS and MSC Server enhanced for ICS. There is no specific ICS content in these messages.

21-24.
SIP UPDATE request and SIP 200 (OK) response

When the originating endpoint has completed its resource reservation, the intermediate IM CN subsystem entities receive an UPDATE request. The UPDATE request and its SIP 200 (OK) response are routed end-to-end between the originating IM CN subsystem, intermediate IM CN subsystem entities, SCC AS and MSC Server enhanced for ICS. There is no specific ICS content in these messages.

25.
Assignment

The MSC Server enhanced for ICS performs access bearer assignment.

For UTRAN access this involves invocation of the Prepare Bearer and Change Through Connection procedures with the CS-MGW, followed by sending a RAB ASSIGNMENT REQUEST message to the UTRAN. The NAS Synchronization Indicator information element is included to identify the selected codec and codec configuration.


For GERAN access this involves invocation of the Reserve Circuit and Change Through Connection procedures with the CS-MGW, followed by sending a ASSIGNMENT REQUEST to the GERAN. 

26.
ALERTING message (from CS UE to MSC Server enhanced for ICS)

The CS UE sends an ALERTING message to the MSC Server enhanced for ICS according to 3GPP TS 24.008 [5]. 

27.
Start tone (from MSC Server enhanced for ICS to CS-MGW)

The MSC Server enhanced for ICS instructs the CS-MGW to start ringback tone. 

Editor's Note:
How the MSC Server enhanced for ICS determines that ringback should be applied is FFS.

28.
SIP 180 (Ringing) response (from MSC Server enhanced for ICS to intermediate IM CN subsystem entities) - see example in table A.5.1-28

The MSC Server enhanced for ICS does not include "100rel" in the Require header as the 180 (Ringing) does not contain SDP and therefore need not be sent reliably. 

Table A.5.1-28: SIP 180 (Ringing) response (MSC Server enhanced for ICS to intermediate IM CN subsystem entities)

SIP/2.0 180 Ringing


Via: SIP/2.0/UDP scscf2.home2.net;branch=z9hG4bK433b44.1, SIP/2.0/UDP sccas2.home2.net;branch=z9hG4bKnas34r5
From: 

To: <tel:+1-212-555-2222>;tag=314159
Call-ID: 
Cseq: 
Rseq: 9022

Content-Length: 0
29-31.
SIP 180 (Ringing) response (from intermediate IM CN subsystem entities to SCC AS)

The SIP 180 (Ringing) response is routed to the originating IM CN subsystem via the SCC AS and intermediate IM CN subsystem entities.

32.
CONNECT message (from CS UE to MSC Server enhanced for ICS)

The CS UE sends a CONNECT message to the MSC Server enhanced for ICS according to 3GPP TS 24.008 [5]. 

33.
Stop tone and through connect (from MSC Server enhanced for ICS to CS-MGW)

The MSC Server enhanced for ICS instructs the CS-MGW to stop ringback tone and to through connect the bearer. 

34.
SIP 200 (OK) response (from MSC Server enhanced for ICS to intermediate IM CN subsystem entities) - see example in table A.5.1-34
Table A.5.1-34: SIP 200 (OK) response (MSC Server enhanced for ICS to intermediate IM CN subsystem entities)

SIP/2.0 200 OK
Via: SIP/2.0/UDP scscf2.home2.net;branch=z9hG4bK433b44.1, SIP/2.0/UDP sccas2.home2.net;branch=z9hG4bKnas34r5
From:
To: <tel:+1-212-555-2222>;tag=314159
Call-ID:
Cseq:
Contact: <sip:msc2@home2.net;gr=urn:uuid:749ea901-1jan-12eb-0913-00baca334536>

Content-Length: 0

Contact:
the MSC Server enhanced for ICS includes the assigned GRUU.

35-37.
SIP 200 (OK) response

The 200 (OK) response is routed to the originating IM CN subsystem via the SCC AS and intermediate IM CN subsystem entities.

38.
CONNECT ACK request (from MSC Server enhanced for ICS to CS UE)

After through-connecting the traffic channel, the MSC Server enhanced for ICS sends a CONNECT ACKNOWLEDGEMENT message to the CS UE according to 3GPP TS 24.008 [5].

39-42.
SIP ACK request

A SIP ACK request is routed end-to-end from the originating IM CN subsystem to the MSC Server enhanced for ICS. There is no ICS specific content in this message.
***************************end of Changes ******************
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