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1. Introduction
This paper proposes text for signalling procedures for the CAT service specified in TS 24.182.
2. Reason for Change
As per the common IMS agreements from the 3GPP2/3GPP workshop in January 2008, a stage 3 WID was agreed to transfer the CAT service from 3GPP2 MMD supplementary service to 3GPP. This present document transfers signalling procedures text based upon CIMS-080015 input to the workshop.
3. Proposal

It is proposed to agree the following changes to 3GPP TS 24.182v0.0.0.
* * * First Change * * * *
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* * * Next Change * * * *

4.5.1
General
Configuration of supplementary services by the user should: 

-
take place over the Ut interface using XCAP as enabling protocol as described in 3GPP TS 24.623 [f]; or

-
use SIP based user configuration as described in 3GPP TS 24.238 [x];

NOTE:
Other possibilities for user configuration, such as web-based provisioning or pre-provisioning by the operator are outside the scope of the present document, but are not precluded.
The enhancements to the XML schema for use over the Ut interface is described in subclause 4.9.

Editor’s Note:
How the UE selects the service configuration mechanism is FFS. Whether simultaneous usage of different configuration mechanisms is allowed is FFS. It should be stated that SIP based user configuration may have limitations in service configuration compared to Ut interface mechanism. 
* * * Next Change * * * *

4.5.2
Activation/deactivation

The CAT service is activated at provisioning and deactivated at withdrawal.
When a subscriber activates his CAT Service he shall be able to specify which CAT a calling user should experience, or use the operator’s default setting.
After a subscriber has activated his CAT Service a calling user should experience the CAT that was chosen by the subscriber.
* * * Next Change * * * *

4.5.3
Registration/erasure

The CAT service requires no registration. Erasure is not applicable.
* * * Next Change * * * *

4.5.4
Interrogation

For CAT, interrogation is not applicable.
* * * Next Change * * * *

4.5.5.1
Actions at the originating UE

The UE shall follow the procedures specified in 3GPP TS 24.229 [y] for session initiation and termination.
* * * Next Change * * * *

4.5.5.3
Actions at the AS serving the terminating UE

4.5.5.3.1
General

The procedures specified in 3GPP TS 24.229 [y] for an AS acting as a routing B2BUA apply with additions described in the section below.

4.5.5.3.2
AS actions

The following AS procedures apply when preconditions are indicated as met in the initial SIP INVITE request. 

Upon receiving an initial SIP INVITE request destined to the served user, the AS shall:

-
forward the initial SIP INVITE request to the served user;
-
contact the MRF to request CAT resource;
-
 send a reliable SIP 183 (Session Progress) response to the originating UE. The SIP 183 (Session Progress) provisional response shall:

-
include a P-Asserted-Identity header containing the public user identity of the served user;

-
include a To header containing the same URI as received in the SIP INVITE request but with a To tag locally generated by the AS;

-
include an SDP answer as received from the MRF; and
-
instruct the MRF to start CAT media. 
Editor’s Note:
The interaction between the AS and MRF needs to be clarified. The Cr reference point could be a possible solution.

Upon receiving a reliable provisional response from a served UE containing an SDP answer to the original SIP INVITE request, the AS:

-
may send the provisional response to the originating UE reliably after changing the Status-Line to SIP 183 (Session Progress) response. The AS shall not change the To tag of the received provisional response;
-
shall respond to the received provisional response by sending a SIP PRACK request as defined in RFC 3262 [z] to the served UE;

-
shall save the SDP content contained in the reliable provisional response. If forking has occurred toward the served user, the AS shall save multiple SDP answers from several different UEs; and 

-
shall associate the saved SDP answer with the early dialog that the reliable provisional response established.
Editor’s Note:
AS procedures for handling unreliable provisional responses need to be considered.

Editor’s Note:
AS procedures for handling session establishment when preconditions are not met need to be considered.
Upon receiving a SIP 200 (OK) response from a served UE indicating that the served user has answered the call, the AS shall:

-
instruct the MRF to stop CAT media; 

-
generate and forward the SIP 200 (OK) response to the originating UE; 

-
if the AS has saved the SDP answer received on the same dialog confirmed by the SIP 200 (OK) response and if the AS has not forwarded the SDP answer to the originating UE, the AS shall include the saved SDP answer in the body of the SIP 200 (OK) response;
-
if the AS has not saved an SDP answer on the same dialog confirmed by the SIP 200 (OK) response, the AS shall include the SDP in the received SIP 200 (OK) response in the SIP 200 (OK) response to the originating UE; and
-
the To tag of the SIP 200 (OK) response shall be the same as the To tag in the received SIP 200 (OK) response.
* * * End of Changes * * * *

