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

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

No specific role in support of provision of CSI terminating session has been identified for the MGCF. In this version of this document, any CSI capability related information if provided to the MGCF will not be interworked by the MGCF. 

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 can use the media feature tags (e.g. g.3gpp.cs-voice and g.3gpp.cs-video) obtained from the terminating CUA to perform termination logic.

If the media feature tags indicate that the CUA has both voice and video capabilities and that CSI AS knows that video interworking to the CS domain is supported, then the CSI AS can use the CS domain to terminate any realtime voice and video sessions to the CUA. However the IM CN subsystem domain can also be used for the video component of the real time conversation.

NOTE 1:
The knowledge that the IM CN subsystem supports video interworking to the CS domain is configured in the CSI AS.
The procedure of multimedia session splitting is specified in the subclause 9.3.3.3.

NOTE 2: 
The CSI AS obtains the media feature tags of the terminating CUA from the reg-event package.
9.3.3.2
Retrieval of public user identity information
The CSI AS can obtain information about the public user identities of the CUA by using the reg event package as specified in 3GPP TS 24.229 [5], or via the Sh interface as specified in 3GGP TS 29.328 [16].
The information about the public user identities can also be provisioned in the CSI AS.

NOTE:
A third party REGISTER request received by the CSI AS can be triggered by a CUA including in the Contact header of the REGISTER request the media feature tag value(s) of "+g.3gpp.cs-voice"and "+g.3gpp.cs-video"or both.
9.3.3.3
Session Splitting towards terminating CUA

9.3.3.3.1
General

When the CSI AS receives at 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 the received dialog identifier in the request matches a dialog identifier for an ongoing session in the CSI AS:
1) 
if there is no match, 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 request requesting the same non-voice media as received in the incoming INVITE request 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 request requesting the same voice media as received in the incoming INVITE request 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 SIP INVITE from the originating UE is to be handled is FFS.

2)
if there is a match, the CSI AS shall act as per subclause 9.3.3.4.3.

When the CSI AS receives the SIP INVITE request including the SDP media description from the originating UE for voice media only, the CSI AS shall check if the dialog identifier in the request matches a diolog identifier for an ongoing session in the CSI AS;.

1)
if there is no match, the CSI AS shall follow the procedure in subclause 9.3.3.3.2; or

2)
otherwise the CSI AS shall follow the procedures as specified in subcaluse 9.3.3.4.2.

When the CSI AS receives the SIP INVITE request including the SDP media description from the originating UE for non-voice media only, the CSI AS shall check if the dialog identifier in the request matches a dialog identifier for an ongoing session in the CSI AS:
1)
if there is no match, 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.

For the standalone SIP request and the SIP request initiating a new dialog other than the SIP INVITE request, the CSI AS shall follow subclause 5.7.5 of 3GPP TS 24.229[5] without splitting.

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 were included in the SIP INVITE request from the originating UE; and
4) The CSI AS sends the SIP INVITE request towards the S-CSCF for further routeing.

If the CSI AS does not take any action for the received SIP INVITE request, 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 IM CN subsystem

When the CSI AS initiates a session towards the CUA for a non-voice media the CSI AS shall;

1)
operate as an application server performing 3rd party call control acting as a routing B2BUA, as specified in subclause 5.7.5 of 3GPP TS 24.229 [5] for this request and all future requests and in the same dialog;

2)
set the Request-URI and the To header field to the SIP-URI for the CUA in the outgoing  SIP INVITE request;

3)
populate the SDP with the non-voice media parameters which were included in the SIP INVITE request or a SIP UPDATE request from the originating UE into the outgoing SIP INVITE request;

4)
 include in the Accept-Contact header field the feature tag(s) with the value(s) "+g.3gpp.cs-voice" or "+g.3gpp.cs-video" or both, marked as explicit; and
5)
send the SIP INVITE request towards the S-CSCF for further routeing.

When the CSI AS receives a SIP response from the CUA, the CSI AS shall act in accordance with subclause 9.3.3.5.

When the CSI AS initiates a session towards the originating UE the CSI AS shall:

1)
operate as an application server performing 3rd party call control acting as an initiating B2BUA, specified in subclause 5.7.5 of 3GPP TS 24.229 [5] for this request and all future requests in the same dialog;

2)
set the Request-URI and the To header field in the outgoing SIP INVITE request to the SIP URI as indicated in the P-Asserted-Identity header field received from the originating UE;

3)
populate the SDP with the media components which were included in the SDP of a SIP re-INVITE request or a UPDATE request and not possible to use on the existing session to the originating UE in the outgoing SIP INVITE request; and

4)
send the SIP INVITE request towards the S-CSCF for further routeing.

When the CSI AS receives a SIP response from the originating UE the CSI AS shall handle the response by following the rules of the 3GPP TS 24.229 [5].

9.3.3.3.4
Subsequent requests

When the CSI AS receives a subsequent SIP request from the originating UE before it has provided the final SIP response to the originating UE (i.e. in early dialog), the CSI AS shall act as follows:
1)
The SIP request which is triggered by the subsequent SIP request from the originating UE shall include exactly the same media components as the SIP requests triggered by the initial SIP INVITE request; and
2)
the CSI AS shall not send a SIP request to the already established call leg if the CSI AS has received the final SIP response for that call leg. Instead the CSI AS shall include the media description indicating the media on the established call leg is ready when responding back to the originating UE.

Upon receipt of the SIP re-INVITE request or the SIP UPDATE request from the originating UE after the session is established, the CSI AS shall follow subclause 9.3.3.4. Handling of other subsequent SIP requests is out of scope of this version of the document.
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 or a SIP UPDATE request from the originating UE and the received SDP includes other "m=" lines than "m=audio" line that have non-zero port numbers and there do not exist any non voice media session to the CUA, the CSI AS shall initiate a SIP INVITE request requesting the same non-voice media as received in the incoming re-INVITE request request or UPDATE request towards the CUA via the IM CN subsystem as specified in the subclause 9.3.3.3.3. If there exist a session the CSI-AS shall send an SIP re-INVITE or SIP UPDATE request to the CUA in accordance with subclause 9.3.3.4.3.
When the CSI AS receives the SIP response message from the CUA, it shall be processed according to subclause 9.3.3.5.

When the CSI AS receives a SIP re-INVITE request or a SIP UPDATE request from the CUA and the CSI AS is required to setup a new session the set up is performed in accordance with subclause 9.3.3.3.3. Otherwise the CSI-AS shall send a SIP re-INVITE request or a SIP UPDATE request to the originating UE including:

-
the Request-URI set to the URI received from the originating UE in the Contact header; and

-
a new SDP offer, including the media characteristics as received in the incoming SIP re-INVITE or UPDATE request, by following the rules of the 3GPP TS 24.229 [5].

NOTE:
Whether the CSI AS uses the existing dialog to the originating UE or uses a new dialog can depend on local policy and received signalling information in the SDP from the originating UE.

When the CSI AS receives a SIP response message from the originating UE, the responses shall be processed according to the rules specified in 3GPP TS 24.229 [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 or a SIP UPDATE 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 or a SIP UPDATE 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  as specified in the subclause 9.3.3.3.2 ;

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.

When the CSI AS receives a SIP re-INVITE request or a SIP UPDATE request and the received SDP includes an additional entry in the existing "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 or a SIP UPDATE 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 as specified in the subclause 9.3.3.3.2;

b) Otherwise the CSI AS shall send an SIP re-INVITE or a SIP UPDATE request to the CUA including:

-
the Request-URI set to the URI received from the MGCF in the Contact header; and

-
a new SDP offer, including the media characteristics as received in the SIP re-INVITE or a SIP UPDATE request , by following the rules of the 3GPP TS24.229 [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 or a SIP UPDATE request where the dialog identifier included in the request matches with a dialog identifier of an ongoing sessionthen;

1)
if the SDP media description for voice in the received SIP re-INVITE request or a SIP UPDATE request is updated; 

a) 
the CSI AS shall send a SIP re-INVITE request or a SIP UPDATE request to the MGCF including;

-
the Request-URI and the To header field set to the URI received from the MGCF in the Contact header field; and

-
a new SDP offer, including the media characteristics as received in the SIP re-INVITE or a SIP UPDATE request , by following the rules of 3GPP TS 24.229 [5].

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

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

a)
the CSI AS shall send a SIP re-INVITE request or SIP UPDATE request to the CUA including;

-
the Request-URI and the To heder field set to the URI received from the CUA in the Contact header field; and

-
a new SDP offer, including the media characteristics as received in the SIP re-INVITE request or a SIP UPDATE request, by following the rules of the 3GPP TS 24.229 [5].

b)
When the CSI AS receives the SIP response from the CUA, the SIP response  shall be processed according to  subclause 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 act as specified in the subclause 9.3.3.6.

9.3.3.5
Session Combining

The CSI AS having established one call leg to the CUA and another call leg to the MGCF shall combine the SIP 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.

If the CSI AS receives a SDP answer from both of the two call legs, the CSI AS shall include a SDP answer in a SIP response which includes the SDP from both legs in accodance with 3GPP TS 24.229 [5], i.e. the CSI AS shall respond to the SIP INVITE request from the originating UE when all SDP media descriptions from both of the two split call legs are known to the CSI AS. 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 and is specified in table 9.3.3.5A.

If the CSI AS receives only SDP answer from one of the legs, the CSI AS shall include the SDP answer in a SIP response in accordance with 3GPP TS 24.229[5]. The SIP response code that is sent to the origninating UE by the CSI AS depends on the SIP response received from the two call legs and is specified in table 9.3.3.5A.

If the CSI AS receives SIP responses without any SDP, 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 and is specified in table 9.3.3.5A.
In addition to table 9.3.3.5A, when the CSI AS receives only one SDP answer from one leg while having a SIP 3xx – 6xx error response(s) from the other leg, the CSI AS shall:

1)
if the SIP error response is received from the MGCF, provide the SIP response to the originating UE as shown in table 9.3.3.5A but with the port of the voice media set to 0 in the SDP answer provided to the originating UE; or

2)
if the SIP error response is received from the CUA, provide the SIP response to the originating UE as shown in table 9.3.3.5A but with the port of the non-voice media set to 0 in the SDP answer provided to the originating UE.
When the CSI AS receives the SIP responses for the SIP INVITE requests 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 SIP 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 arriving from each of the two call legs, have the same SIP status code; or
3)
provide the SIP response as shown in the table 9.3.3.5A below to the originating UE if the SIP responses arrived from the two call legs have different status codes;
4)
provide a combined SIP 180 (Ringing) response to the originating UE only if the SIP 180 (Ringing) responses arrive from each early dialog of the two call legs. When the precondition mechanism is used, the CSI AS shall not provide a combined SIP 180 (Ringing) response until the required resource reservations are met for each of the two call legs;
5)
provide - when precondition mechanism is used - a combined SIP 200 (OK) response to the SIP UPDATE request to the originating UE only if both SIP 200 (OK) responses to the SIP UPDATE requests which had been sent in each of the two call legs arrive;
6)
provide a SIP response to the originating UE including "100rel" in the Require header field if at least one of SIP responses from either call legs include "100rel" in the Required header;and
7)
if due to forking more than one SIP response is received for the non-voice media, choose one which comes from the CUA and initiate SIP CANCEL request(s) to cancel the other forked dialog(s).

NOTE: The CSI AS recognizes the SIP response from the CUA by regarding the media feature tag or by comparing contact address in the Contact header with the terminal information stored in the CSI AS.

If one of two call legs is established earlier than the other, the CSI AS upon receiving a SIP response from the early dialog of the other call leg shall include the media description showing the media on the established call leg is ready when responding back to the originating UE.

If the CSI AS does not receive any response from one of call legs towards the CUA within an implementation dependent time, the CSI AS shall reject the media of that corresponding leg that has timeout, by indicating such rejection within the SDP body media descriptions when the CSI AS response to the originating UE. For the call leg that has not responded by timeout, the CSI AS may initiate the SIP CANCEL request to cancel the pending session of the corresponding call leg. Any responses received after this timeout are ignored by the CSI AS.

Table 9.3.3.5A: SIP response (CSI AS to the originating UE)
	Response from MGCF
	Response from CUA
	Response provided by CSI AS to the originating UE

	180
	200
	180(When preconditions between the UE and CSI AS are met)

	200
	180
	

	183
	200
	183

	200
	183
	

	4xx/5xx/6xx
	180
	180(When preconditions between the UE and CSI AS are met)

	180
	4xx/5xx/6xx
	

	4xx/5xx/6xx
	183/200 
	183/200

	183/200
	4xx/5xx/6xx
	

	181
	Any response
	Response will be based on local policy, i.e. keep the successfully established CS call or/and IMS session with the calling party. 

	Any response
	181
	

	4xx/5xx/6xx
	4xx/5xx/6xx
	4xx/5xx/6xx (according to the best response procedures as specified in IETF RFC 3261[17])

	603
	Any response
	Either when responding back to the originating UE provide an SDP answer rejecting the media component which is subject to Call Barring and thereby allow the originating UE to renegotiate, or

respond to the calling UE with the response indicating that call is barred and initiate a SIP CANCEL request to cancel the other call leg being established toward the CUA.

	Any response
	603
	Either when responding back to the originating UE provide an SDP answer rejecting the media component which is subject to Call Barring and thereby allow the originating UE to renegotiate, or

respond to the calling UE with the response indicating that call is barred and initiate a SIP CANCEL request to cancel the other call leg being established toward the CUA.


9.3.3.6
Session Release

If the CSI AS receives the SIP re-INVITE request or a SIP UPDATE request which includes  "m=" lines where the port number has been changed to zero from that provided in the previous SDP offer from the originating UE, then:

1)
if the received SDP media description includes the port number set to zero for all "m=audio" lines, the CSI AS shall initiate a SIP BYE request to release the session toward the MGCF which is associated with the session where the SIP re-INVITE or SIP UPDATE request is received;

2) 
if the received SDP media description includes the port number set to zero for a "m=audio" line, the CSI AS shall initiate a SIP re-INVITE or a SIP UPDATE request including a SDP with the received  "m=audio" lines in accordance with3GPP TS 24.229 [5];

3)
if the received SDP media description includes the port number set to zero for non-"m=audio"lines, the CSI AS initiates a SIP re-INVITE request including SDP media description for non-voice toward the CUA; or
4)
if the received SDP media description includes the port numbers set to zero for all the "m=" lines other than "m=audio" the CSI AS initiates a SIP 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 towards the originating UE.

9.3.3.7
Unregistered Service

To allow for the provision of unregistered service, the CSI AS may keep the UE capability information after the user has been deregistered from the IM CN subsystem. The duration of validity of UE capability information after a UE has deregistered from the IM CN subsystem is an operator policy.

When the CSI AS receives a SIP INVITE request destined for a user who is unregistered to the IM CN subsystem, the CSI AS shall follow 9.3.3.3 with the following addition.

-
The CSI AS shall not initiate a session toward the IM CN subsystem and shall in the SDP answer provided to the originating UE, set the port to 0 for all media except the voice media.

NOTE 1:
In the case that the CSI terminating service is part of a series of unregistered services for the user, care is taken that the trigerring of the CSI AS does not negatively affect the provisioning of other unregistered services for that user in the terminating network, ie. the terminating user's service profile iFC is so set up to ensure orderly triggering of the CSI AS and the other unregistered services for that terminating user.


NOTE 2:
Fowarding an incoming call to the CUA via CS domain by using Call Forwarding Supplementary Service is not in the scope of this document.
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