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The feature g.3gpp.ics was introduced into TS 24,292 in C1-084210.  This document proposes 2 updates to this functionally.

Firstly as a result of introducing the feature tag  not all procedures were updated to reflect this, specifically procedures associated with none SIP REGISTER methods.

Secondly it was indicated that a UE might not always be capable of performing ICS operations, one such condition is when a UE is operating in a GERAN network and looses DTM capabilities.  In such circumstances the UE should inform the network per TS 23.228 V 8.6.0 section 5.2.1

	13.
The UE may indicate its capabilities and characteristics in terms of SIP User Agent capabilities and characteristics described in IETF RFC 3840 [38] during IMS registration. The UE may also update its capabilities by initiating a re-registration when the capabilities are changed on the UE.


****Change****
6
Roles for registration in the IM CN subsystem

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.
6.2
ICS UE

The ICS UE registers to IM CN subsystem as specified in 3GPP TS 24.229 [11] and includes its capabilities in the Contact header including the media feature-tag applicable for ICS. The media feature-tag applicable for ICS is g.3gpp.ics set to PRINCIPAL. This media feature tag is further described in annex B. Should the radio environment be such that the UE can 
-
no longer perform ICS capabilities e.g. DTM is lost the UE shall perform a re-registration excluding the feature tag g.3gpp.dtm.
-
perform ICS capabilities e.g. DTM capable RAT is available the UE shall perform a re-registration including the feature tag g.3gpp.dtm.
6.4
SCC AS

The SCC AS can obtain registration state information that it needs to implement ICS specific requirements from:

a)
any received third-party REGISTER request as specified in 3GPP TS 24.229 [11];

b)
any received reg event package as specified in 3GPP TS 24.229 [11]; or 
c)
the Sh interface as specified in 3GPP TS 29.328 [25] and 3GPP TS 29.329 [26].

7
Roles for call origination

7.1
Introduction
This clause specifies the procedures for call origination for when an ICS UE originates a session, establishing the service control signalling path over Gm and when a non-ICS UE originates a session achieving IMS service control via an MSC server enhanced for ICS. The associated procedures for the SCC AS and MSC server enhanced for ICS are also specified in this clause. 

Subclause A.4 provides examples of signalling flows for call origination.
7.2
ICS UE
7.2.1
General

This clause specifies the procedures for call origination by an ICS UE. 

Annex A.4 gives examples of signalling flows for call origination.
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 [11]. The UE shall populate the SIP INVITE request as follows:

the contact header shall include the feature tag g.3gpp.ics set to principal
-
the SDP payload is proposing an audio stream over a circuit-switched bearer with a "c=" line set to "PSTN" and an "m=" line set as described by draft-garcia-mmusic-sdp-cs [36], and including an indication that the related local preconditions for QoS as not met as specified in 3GPP TS 24.229 [11].

-
when the ICS UE receives a reliable 1xx provisional response from the network including a PSI DN number, the ICS UE shall send a CC SETUP message in accordance with 3GPP TS 24.008 [7]. The UE shall populate the CC SETUP message as follows:

-
the called party BCD number information element set to the SCC AS PSI DN received in the SDP body of the 1xx provisional response, in the "c=" line, appended to the "PSTN" network type as described in draft-garcia-mmusic-sdp-cs [36].
-
when the CS resources are available to the UE, the ICS UE shall send an SDP offer including an indication that the related local preconditions for QoS for audio as met as specified in 3GPP TS 24.229 [11].
When the ICS UE originates a non-CS bearer call using Gm reference point, the ICS UE shall act in accordance with 3GPP TS 24.229 [11].
7.2.3
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 [7].
7.3
MSC Server enhanced for ICS
The MSC server shall implement call origination towards SCC AS as specified in 3GPP TS 29.292 [24].
In this version of the specification, upon generating an initial INVITE request, the MSC Server shall include:

-
the contact header shall include the feature tag g.3gpp.ics set to sever;
-
the Accept header with "application/sdp", the MIME type associated with the 3GPP IMS XML body with its sv or schemaversion set to "" (see subclause 7.6.1 in 3GPP TS 24.229 [11]) and any other MIME type the MSC Server is willing and capable to accept.
Editor's Note: The use of sv="" needs to be examined. There is no definition of what an empty sv parameter really means.
7.4
SCC AS

7.4.1
General

The following subclauses describe the procedures at the SCC AS for call origination. In such scenarios, the SCC AS serves the originating user. The SCC AS shall follow procedures specified in 3GPP TS 24.229 [11] with the additional procedures described in this specification in subclauses 7.4.2, 7.4.3 and 7.4.4. These subclauses describe the procedures for the SCC AS when using service control over Gm, I1 and CS, respectively. 

7.4.2
SCC AS for service control over Gm

7.4.2.1
CS bearer is requested by the ICS UE

When the SCC AS receives an initial SIP INVITE request from the ICS UE due to initial filter criteria, the SCC AS shall:

1)
store the information received in the SIP INVITE request, including the Request-URI, P-Asserted-Identity header field, Accept header field, Call-ID header field, To and From header fields including tags, Contact header including associated feature tags and the received non-audio SDP information..

2)
check if the SDP contains a "c=" line set to "PSTN" and an "m=" line set as described in draft-garcia-mmusic-sdp-cs [36]. If present, the ICS UE is requesting that the media bearer is to be set up over the CS domain. Send a SIP 183 (Session Progress) response towards the originating ICS UE in accordance with 3GPP TS 24.229 [11] with the following additions:

i)
an SDP answer, including the SCC AS PSI DN in the "c=" line, appended to the "PSTN" network type as described in draft-garcia-mmusic-sdp-cs [36]. The SCC AS PSI DN that identifies the stored information in step 1) and associated with the SCC AS. The SCC AS PSI DN is specified as an E.164 number.
ii)
indicate local preconditions not met.

3)
Wait for an initial SIP INVITE request from the CS domain with the Request-URI set to the allocated SCC AS PSI DN.

4)
When the SCC AS receives an initial SIP INVITE request from the CS domain the SCC AS shall check that the Request URI is set to a valid  SCC AS PSI DN as allocated in the above step 2. If the SCC AS PSI DN is valid, the SCC AS shall:

i)
use the SCC AS PSI DN that was allocated in step 2 and correlate the previously stored information against this session with the incoming SIP INVITE request.

ii)
act as a routing B2BUA, and generate an initial SIP INVITE request and include the following information:

a)
a Request-URI set to the called party identity previously stored in the above step 1);

b)
a P-Asserted-Identity set to the identity previously stored in the above step 1); 

c)
an Accept header field set to the media types received in the incoming SIP INVITE request and previously stored in the above step 1); and

d)
an SDP offer with the media that combines the stored SDP offer from the ICS UE and the SDP offer received from the CS domain in accordance with the rules of. IETF RFC 3264 [31].
Editor's note:
 The above assumes fast CS bearer setup. The scenario when CS bearer establishment is achieved after receiving an alerting message at the MSC requires further investigation on the interactions with the SIP preconditions mechanism and session setup.

Upon receiving a SIP 18x response from the terminating UE the SCC AS shall send the SIP 18x response towards the ICS UE and the CS domain. If the response includes an SDP answer, the AS shall send an SDP answer towards the ICS UE and towards the CS domain. The SDP answers shall be in accordance with rules for SDP answer as specified in IETF RFC 3264 [31].

When the SCC AS is aware of that preconditions are met on all legs the SCC AS shall send an UPDATE request towards the terminating UE indicating that local preconditions are met.

Upon receiving a SIP 200 (OK) response from the terminating UE, the SCC AS shall send the SIP 200 (OK) response towards the ICS UE and CS domain. If the response includes an SDP answer, the AS shall send an SDP answer towards the ICS UE and towards the CS domain. The SDP answers shall be in accordance with rules for SDP answer as specified in IETF RFC 3264 [31].
When the SCC AS receives a SIP ACK request originated from an MSC server enhanced for ICS or from an MGCF and the ISC UE, the SCC AS shall respond to the initial SIP INVITE request with a final 200 (OK) response.
7.4.2.2
Non CS bearer is requested by the ICS UE
When the SCC AS receives an initial SIP INVITE request due to initial filter criteria, which does not include a request for CS media, the SCC AS shall act as a routing B2BUA as described in 3GPP TS 24.229 [11].
 ****Change****
8.2.1.5
ICS UE using Gm to remove a CS bearer
When an ICS UE wants to remove a CS bearer the ICS UE shall 

-
send a SIP INVITE request towards the IM CN subsystems as specified in 3GPP TS 24.229 [11]. The UE shall populate the SIP INVITE request as follows:

-
the request URI set to the contact address earlier received from the SCC AS; 
-
the contact header shall include the feature tag g.3gpp.ics set to principal;
-
set the CS bearer to not be used any longer; and
-
when the ICS UE receives a reliable 1xx provisional response from the IM CN subsystem, the ICS UE shall release the resources in accordance with 3GPP TS 24.008 [8].
Editor's note: How to indicate that the CS bearer shall not be used is for further study.

8.2.1.6
ICS UE using Gm to remove a PS bearer

If the ICS UE decides to remove any media using the PS domain the ICS AS shall apply the procedure in accordance with 3GPP TS 24.229 [11].

8.2.2
Session modification is offered to the SCC AS

8.2.2.1
General

This subclause specifies call modification procedure when a session is modified from an SCC AS using a service control signalling path over Gm; specifically, the procedure when a CS bearer is added or removed is specified.
8.2.2.2
SCC AS adds a CS bearer

When the SCC AS receives a SIP INVITE request from the ICS UE indicating the addition of a CS bearer on an existing session, the SCC AS shall:

1)
send a SIP 183 (Session Progress) response towards the originating ICS UE in accordance with 3GPP TS 24.229 [11] with the following additions:

a)
the SCC AS PSI DN that identifies the existing session.

Editor's Note:
where in the INVITE the CS bearer indication is received is still under discussion. Draft-garcia-mmusic-sdp-cs describes a possible mechanism to indicate media bearers to be set up over the CS domain. Where in the INVITE the SCC AS PSI DN is included is still under discussion. Draft-garcia-mmusic-sdp-cs describes a possible mechanism. Other mechanisms such as using Contact header parameter have also been suggested.

2)
Wait for an initial SIP INVITE request from the CS domain with the Request-URI set to the allocated SCC AS PSI DN; and
3)
When the SCC AS receives the initial SIP INVITE request from the CS domain the SCC AS shall check that the Request URI is set to a valid SCC AS PSI DN as allocated in the above step 2. If the SCC AS PSI DN is valid, the SCC AS shall:

a)
use the SCC AS PSI DN that was allocated to associate SCC-AS-PDN with the existing session and act as a routing B2BUA, and generate SIP INVITE request and include the following information:

i)
a Request-URI set to the contact address of the terminating UE; and

ii)
in the SDP add the SDP offer received from the CS domain in accordance with the rules of. IETF RFC 3264 [31].

Editor's note:
The above assumes fast CS bearer setup. The scenario when CS bearer establishment is achieved after receiving an alerting message at the MSC requires further investigation on the interactions with the SIP preconditions mechanism and session setup.

Upon receiving a SIP 18x response from the terminating UE the SCC AS shall send the SIP 18x response towards the ICS UE and the CS domain. If the response from the terminating UE includes an SDP answer, the AS shall send an SDP answer towards the originating UE and towards the CS domain. The SDP answers shall be in accordance with rules for SDP answer as specified in IETF RFC 3264 [31].

When the SCC AS is aware that preconditions are met on all legs, the SCC AS shall send an UPDATE request towards the terminating UE indicating that local preconditions are met.

Upon receiving a SIP 200 (OK) response from the called party, the SCC AS shall send the SIP 200 (OK) response towards the ICS UE and CS domain. If the response includes an SDP answer, the AS shall send an SDP answer towards the ICS UE and towards the CS domain. The SDP answers shall be in accordance with rules for SDP answer as specified in IETF RFC 3264 [31]. When the SCC AS receives a SIP ACK request originated from an MSC Server enhanced for ICS or from an MGCF and the ISC UE, the SCC AS shall respond to the initial SIP INVITE request with a final 200 (OK) response.

 ****Change****
8.3.2
Session modification is offered from the SCC AS

8.3.2.1
Terminating Access domain selection

When the SCC AS receives on an existing session a SIP INVITE request to add a voice stream towards the ICS UE the SCC AS shall 

-
perform Terminating Access Domain Selection (T-ADS) based upon criteria described in 3GPP TS 23.232 [6];

-
if T-ADS results in choosing to deliver all media in the PS domain, skip the following steps and continue with call termination in the IM CN subsystem as specified in .8.3.2.3; and

-
if T-ADS results in choosing to deliver media in the CS domain, and using Gm for service control, acting as a B2BUA, the SCC AS shall act in accordance with subclause 8.3.2.2.

8.3.2.2
SCC AS adds a CS bearer
When the SCC AS receives on an existing session a SIP INVITE request to add a voice stream towards the ICS UE the SCC AS shall 

1)

allocate an SCC AS PSI DN associated with the SCC AS and the INVITE request from the originating UE;.

2)

create a SIP INVITE request based upon the request from the originating UE and include the following:

i)
the Request URI set to the earlier received contact address
ii)

the contact header shall include the feature tag g.3gpp.ics set to sever;
iii)
SCC AS PSI DN; and

iv)
a SDP offer where an indication that CS bearer will be used and an indication that precondition is not met.

3)
route the created SIP INVITE request towards the terminating user.

Editor's Note:
where in the INVITE the CS bearer indication is received is still under discussion. Draft-garcia-mmusic-sdp-cs describes a possible mechanism to indicate media bearers to be set up over the CS domain. Where in the INVITE the SCC AS PSI DN is included is still under discussion. Draft-garcia-mmusic-sdp-cs describes a possible mechanism. Other mechanisms such as using Contact header parameter have also been suggested.
When the SCC AS receives the initial SIP INVITE request from the CS domain, the SCC AS shall check that the Request URI is set to a valid SCC AS PSI DN as allocated in the above step 1. If the SCC AS PSI DN valid, the SCC AS shall:

1)
use the SCC AS PSI DN to correlate the SCC AS PSI DN against the incoming SIP INVITE request from the originating UE.
2)
create a response to the CS domain in accordance with 3GGP TS 24.229 [11], indicating local preconditions met and route towards the CS domain.

When the AS has received the 18x response from the terminating ICS UE and the SIP INVITE request with the SCC AS PSI DN number from the CS domain, the SCC AS shall prepare an SDP answer to be sent to the originating user. The SDP answer shall be based on the SDP answer received from the ICS UE and the SDP offer received from the CS domain. If the SDP offer from the CS domain includes more than one speech codecs the SCC AS shall delete the lowest priority speech codecs. The status line in the response sent to the originating user shall be the same as received in the 18x response from the terminating ICS UE. The SDP answer sent to the originating UE shall be in accordance with IETF RFC 3264 [31].

When the AS gets aware that the remote precondition is fulfilled on the leg towards the originating UE and on the leg towards the CS domain, the SCC AS shall send an UPDATE request to the terminating UE indicating that precondition is met.

When the SCC AS receives precondition is met from t the leg from the CS domain the SCC AS shall

1)
send a 200 (OK) for the UPDATE request on the leg to the CS domain and

2)
send a 200 (OK) for the INVITE request on the leg to the CS domain.

 ****End Changes****
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