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1. Introduction
This CR provides several minor fixes to TS 24.292

2. Reason for Change

Several occurences of "INVITE" when "re-INVITE" is meant are fixed. 
Port indication "0" is used to drop the CS bearer.

3. Conclusions

Necessary changes.
4. Proposal

It is proposed to agree the following changes to 3GPP TS 24.292 v1.1.1 

* * * First Change * * * *

8.2.1.2
ICS UE using Gm to add a CS bearer

If the UE decides to add a CS bearer to an existing session, the ICS UE shall act in accordance with subclause 7.2.2, except that a SIP re-INVITE request and its related responses shall be used instead of an initial SIP INVITE request.

* * * Next 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 re-INVITE request or SIP UPDATE request towards the IM CN subsystems as specified in 3GPP TS 24.229 [11]. The UE shall populate the SIP re-INVITE request or SIP UPDATE request as follows:

-
the request URI set to the contact address earlier received from the SCC AS; 
-
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.

* * * Next Change * * * *

8.2.2.2
SCC AS actions when UE adds a CS bearer

When the SCC AS receives a SIP re-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.

* * * Next Change * * * *

8.3.1.2

ICS UE is offered a CS bearer

When the ICS UE receives a SIP INVITE request on an existing session indicating a request for a CS bearer and shall apply the procedure in accordance with subclause 8.2.1.
* * * Next 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 re-INVITE request or a SIP UPDATE 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 re-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)
SCC AS PSI DN; and

iii)
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.
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