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9
IMS origination and CSI termination 

9.1
Introduction
This subclause describes the detailed procedures for establishing sessions from UEs that use IMS origination to UEs that use CSI termination. 
NOTE: 
The IMS origination and CSI termination are specific session establishment scenarios defined in TS 23.279 [3]. When a UE is considered to use IMS origination and when a UE is considered to use CSI termination is defined in subclause 9.2.1 of TS 23.279 [3].
9.2
Functional entities
9.2.1
User equipment
For establishing sessions with IMS origination and CSI termination, two different UEs are involved. 

1)
The UE that uses CSI termination, which terminates sessions by receiving real time media over the CS domain. This UE implements the role of CUA as specified in subclause 6.3.1 and subclause 7.3.1.

2)
The UE that uses IMS origination, which originates sessions by transmitting real time and non-real time media over an IP-CAN.
9.2.2
Application server (AS) 
For supporting the control functionality required to handle sessions with IMS origination and CSI termination an application server shall implement the role of CSI AS as defined in subclause 9.3.3.

9.2.3
MGCF

Editor’s Note: The need for MGCF interworking support to enable transportation of CSI capability information is FFS.

9.3
Roles

9.3.1
 Void
9.3.2
CSI UA (CUA)

The UE that uses CSI termination implements the role of CUA as specified in subclause 6.3.1 and subclause 7.3.1 with no additional requirements.
NOTE: 
For proper handling and delivery of CSI terminating sessions, a CUA needs to include the media feature tags applicable for CSI in the Contact header when performing the registration procedure.
9.3.3
CSI AS
9.3.3.1
General
The CSI AS shall support the procedure for the multimedia session splitting, modifying, combining and releasing. 
The CSI AS may use the feature tags (e.g. "+g.3gpp.cs-voice" and "+g.3gpp.cs-video") obtained from the terminating CUA to perform termination logic including the following:

-
if the feature tags indicate that the CUA has both voice and video capabilities, then the CSI AS will use the CS domain to terminate any realtime voice and video sessions to the CUA; or

-
if the feature tags indicate that the CUA only has the voice capability, then the CSI AS will use the CS domain to terminate only the realtime voice session to the CUA.

If no feature tags or other information that may influence the handling of session termination are available to the CSI AS, then the CSI AS splits the multimedia session.

The procedure of multimedia session splitting is specified in the subclause 9.3.3.3.
NOTE: 
The CSI AS obtains the feature tags of the terminating CUA from the reg-event package.
9.3.3.2
3rd Party Registration

When the CSI AS upon receiving a third party REGISTER request responds to it with the SIP 200 OK response successfully, the CSI AS may subscribe “reg-event” in order to obtain a list of all the registered public user identities of the user including implicitly registered public user identities. A list of the public user identities can also be provided by the HSS.

NOTE:
It is assumed that the CUA includes the feature tag in Contact header during the registration to trigger the third-party REGISTER to the CSI AS.
9.3.3.3
Session Splitting towards terminating CUA
9.3.3.3.1
General
The CSI AS performs the session splitting and session combining to the third party registered CUA.

When the CSI AS receives the SIP INVITE request including the SDP media descriptions for both voice media and non-voice media(e.g. MSRP) from the originating UE, the CSI AS shall check if there are any ongoing sessions between the originating UE and the terminating CUA.

1) 
if there are no ongoing IM sessions between the originating UE and the terminating CUA, the CSI AS performs the session splitting procedure as follows: 
a)
for the non-voice media, the CSI AS shall initiate the new SIP INVITE requesting the same non-voice media towards the CUA via IM CN subsystem as per subclause 9.3.3.3.3 and, 
b)
for the voice media, the CSI AS shall initiate the new SIP INVITE requesting the same voice media towards the CUA via CS domain through the MGCF as per subclause 9.3.3.3.2.

Editor’s Note: If the CUA is not registered to the IM CN subsystem, the CSI AS would not have been triggered. In this case, how the the SIP INVITE from the originating UE is to be handled is FFS.
2)
if there is an ongoing IM session between the originating UE and the terminating CUA, the CSI AS shall follow the subclause 9.3.3.4.3.
When the CSI AS receives the SIP INVITE request including the SDP media description for voice media only, the CSI AS shall check if there are any ongoing IM sessions between the originating UE and the terminating CUA.

1)
if there is no ongoing IM session between the originating UE and the terminating CUA, the CSI AS shall follow the subclause 9.3.3.3.2 or,

2)
Otherwise the CSI AS shall follow the subcaluse 9.3.3.4.2.

When the CSI AS receives the SIP INVITE request including the SDP media description for non-voice media only, the CSI AS shall check if there are any ongoing IM sessions between the originating UE and the terminating CUA.

1)
if there are no ongoing IM session between the originating UE and the terminating CUA, the CSI AS shall follow the subclause 9.3.3.3.3 or,

2)
Otherwise the CSI AS shall follow the subcaluse 9.3.3.4.1.
9.3.3.3.2
Call Initiation towards the CS domain 
When the CSI AS receives an initial SIP INVITE request that requests an IMS session with voice media, the CSI AS shall perform the third party call control, as specified 5.7.5 of 3GPP TS 24.229[5] including the following: 

1)
The CSI AS creates the SIP INVITE request setting the Request-URI and To header to a Tel-URI which is an alias of the SIP-URI which is included in the received SIP INVITE request. 
NOTE:
The CSI AS maps between SIP-URI and Tel-URI  from information provided by the HSS about alias URIs of the registered identity, as specified in 3GPP TS 29.328[16] .

2) The CSI AS adds the address of BGCF in the Route header to be located behind of the address of S-CSCF.

3)
The CSI AS populates the SDP with the voice media parameters which is included in the SIP INVITE from the originating UE.

4)
The CSI AS sends the SIP INVITE towards the S-CSCF for further routeing.
If the CSI AS does not take any action for the received SIP INVITE, it shall apply the procedure described in subclause 5.7.4 of 3GPP TS 24.229 [5].
9.3.3.3.3
Session Initiation towards the IMS domain
If the received INVITE includes the SDP media parameter for non-voice media, the CSI AS decides whether it  performs the third party call control.

NOTE:
Whether the CSI AS performs the third party call control can be pre-configured in the CSI AS based on the policy of the network operator, or it can be configured based on the information of the received SIP INVITE request. 

If the CSI AS performs the third party call control, it shall apply the procedure described in subclause 5.7.5 of 3GPP TS 24.229 [5] including the following: 
1)
The CSI AS creates the SIP INVITE with the same Request-URI as received from the UE.

2)
The CSI AS populates the SDP with the non-voice media parameters which is included in the SIP INVITE from the originating UE.

3)
The CSI AS sends the SIP INVITE towards the S-CSCF for further routeing.

If the CSI AS does not take any action for the received INVITE, it shall apply the procedure described in subclause 5.7.4 of 3GPP TS 24.229 [5].
9.3.3.4
Session Modification
9.3.3.4.1
Adding an IM Session to an existing CS call

When the CSI AS receives a SIP re-INVITE request and the received SDP includes a new ‘m=’ line which does not include ‘audio’ and has non-zero port number, the CSI AS shall initiate a SIP INVITE request requesting the same non-voice media towards the CUA in the IM CN subsystem as specified in the subclause 9.3.3.3.3.
When the CSI AS receives the SIP response message from the CUA, it shall be processed according to the subclause 9.3.3.5.
9.3.3.4.2
Adding a CS call to an existing IMS Session

When the CSI AS receives a SIP re-INVITE request and the received SDP includes an additional ‘m=audio’ line which has non-zero port;

-
the CSI AS shall check if there is an ongoing voice call between the CUA and the CSI AS which is associated with the same session in which the SIP re-INVITE request is received,

a)
If a voice call between the CUA and the CSI AS via CS domain does not exist, the CSI AS shall initiate a SIP INVITE requesting the same voice media towards the CUA in CS domain via MGCF as specified in the subclause 9.3.3.3.2 or, 

b)
Otherwise, the CSI AS shall reply with 4xx response.

NOTE: The multicall setup is not supported within this specification.
When the CSI AS receives the SIP response from the MGCF, it shall be processed according to the subcaluse 9.3.3.5.

9.3.3.4.3
Modifying an existing CS call and an existing IMS Session

When the CSI AS receives a SIP re-INVITE request and there is ongoing session for corresponding media between the CSI AS and the CUA which is associated with the session in which the SIP re-INVITE request is received,

1)
if the SDP media description for voice in the received SIP re-INVITE request is updated, 

a) 
the CSI AS shall initiate the SIP re-INVITE request including the updated SDP media description in the dialog that is established toward the MGCF and, 

b)
When the CSI AS receives the SIP response from the MGCF, it shall be processed according to the subcaluse 9.3.3.5.

2)
if the SDP media description for non-voice in the received SIP re-INVITE request is updated, 

a)
the CSI AS shall initiated the SIP re-INVITE request including the updated SDP media description in the dialog that is established toward the CUA in the IM CN subsystem and,

b)
When the CSI AS receives the SIP response from the CUA, it shall be processed according to the subcaluse 9.3.3.5.

3)
if the SDP media description in the received SIP re-INVITE request includes one or more ‘m=’ lines with the port number set to zero, the CSI AS shall remove the corresponding media in the associated session between the CSI AS and the CUA as specified in the subclause 9.3.3.6.
9.3.3.5
Session Combining

The CSI AS having established on call leg to the CUA and another call leg to the MGCF, shall combine the responses from the CUA and the MGCF as follows;

The CSI AS shall act as a B2BUA as per subclause 5.7.5 of 3GPP TS 24.229 [5] with the following additions.

The CSI AS shall respond to the SIP INVITE request from the originating UE when the CSI AS receives the first SDP answer from both of the two call legs toward the CUA. The SIP response code that is sent to the originating UE by the CSI AS depends on the SIP response received from the two call legs.
When the CSI AS receives the SIP responses for the SIP INVITEs request that were sent to the CUA and the MGCF, the CSI AS shall;

1)
provide the SIP response to the originating UE as per subclause 5.7.5 of 3GPP TS 24.229 [5]. In this SIP response except the final response, the CSI AS shall provide all SDP media description that is received from the CUA and the MGCF in the SDP answer.

2)
provide the combined final SIP response to the originating UE only if the final SIP responses arrive from the each of the two call legs.
9.3.3.6
Session Release

If the CSI AS receives the SIP re-INVITE request which includes part of ‘m=’ lines with the port number set to zero in the SDP from the originating UE, then; 

1)
if the received SDP media description includes ‘m=audio’ line with the port number set to zero, the CSI AS initiates a SIP BYE request to release the session toward the MGCF which is associated with the session where the SIP re-INVITE is received or,

2)
if part of port numbers of ‘m=’ lines other than ‘m=audio’ in the received SDP media description is zero, the CSI AS initiates a SIP re-INVITE request including SDP media description for non-voice toward the CUA or,

3)
if all of port numbers of ‘m=’ lines other than ‘m=audio’ in the received SDP media description is zero, the CSI AS initiates aSIP BYE request towards the CUA in the IM CN subsystem.
If the CSI AS receives the SIP BYE request from the originating UE, then;

1)
the CSI AS shall initiate the SIP BYE request to release the session towards the CUA which is associated to the session where the SIP BYE request is received and,

2)
the CSI AS shall initiate the SIP BYE request to release the session towards the MGCF which is associated to the session where the SIP BYE request is received.
If the CSI AS recevices the SIP BYE request from the CUA or the MGCF, then;

1)
if there is no remaining session other than the session the SIP BYE request belongs to, the CSI AS initiates a SIP BYE request toward the originating UE or,

2)
otherwise, the CSI AS initiates a SIP Re-INVITE request to remove corresponding media toward the originating UE.
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