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Introduction
This paper provides text for resolution of the following editor’s note in Section 6.5.2.1.1 of TR 23.892 V1.1.0:
Editor’s Note 1: The details on correlating the session request with the Bearer Control Session established with the RUA are FFS.

Discussion
The CS network call control procedures allow only one circuit voice bearer to be allocated for a subscriber at any given time; this circuit bearer is switched between held and active calls for a user engaged in simultaneous calls. The same restriction applies to the IMS sessions established using circuit voice bearers, that is, although an ICS user may be simultaneously engaged in multiple sessions, a single circuit voice bearer is switched amongst multiple IMS sessions; as a result, only one Bearer Control Signalling session is possible at any given time. The Bearer Control Signalling session can therefore be simply identified at the RUA by the caller’s identity used for the set-up of the Bearer Control Signalling session.
The caller’s identity may be indicated in the CLI or a User to User IE or some other means when CLI delivery cannot be guaranteed.

Proposal/Recommandation
Make the following changes in TR 23.892 V1.1.0.

*** Begin Change ***
6.5.2.1.1
Calls established using CS bearers with use of I1-ps

Figure 6.5.2.1.1-1 provides an example flow for a call made by an ICS UE A to the other end B with I1-ps.
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Figure 6.5.2.1.1-1: ICS UE origination: PS transport

1,2
 ICS UE A generates a SIP INVITE initiating a session toward the other end B, and sends it toward the home IMS. The SIP INVITE message has sufficient information needed at the RUA of the ICCF to correlate the session request with the Bearer Control Session established with the RUA of the ICCF in steps 3 through 6. It also contains information that the voice media is not converyed via the IP-CAN. The PCRF or P-CSCF needs to recognise that the PS media is not used for the voice component in order to avoid the PCC authorizing or provisioning PS bearer resources for them.


NOTE 1:
The SIP Session Control Signalling is used to carry information that would be otherwise (i.e. in regular IMS procedures) carried in the same SIP dialog than voice media (examples: voice media is inactivated, location of the UE is carried in PIDF-LO element and SIP Call-Info header carries e.g. business card). In other words, the SIP Session Control Signalling is not used for SIP messages that are sent out of the SIP dialog of voice media (examples: REFER, SUBCSCRIBE, NOTIFY, PUBLISH, MESSAGE as these messages are typically sent out of the existing voice SIP dialog).

NOTE 2: 
How the UE selects when to use the voice SIP dialog also for other media will follow the requirements defined in the communication service framework in 3GPP TS 23.228 [4], clause 4.13.

3
The ICS UE initiates standard CS procedures for establishing a CS originated call with the RUA of ICCF to establish the Bearer Control Signalling session with the RUA of ICCF. The UE A sends a CS SETUP message to DN associated with the RUA of ICCF. The Bearer Control Signalling session is identified at the ICCF by the caller’s identity for correlation with the Session Control Signalling session as there can be only one Bearer Control Signalling session for an ICS UE at any given time.  If the ICS UE has multiple IMS sessions for voice, a single circuit bearer is alternated between the multiple sessions.
NOTE 3: The ISUP link might (especially in roaming situations) not be able to transfer enough information to correlate the SIP INVITE. Under such circumstances the ICCF may need to interact with a CAMEL Service.
NOTE 4:
The figure shows that the RUA DN is static (i.e. configured beforehand to the UE) and Steps 3-5 may occur in parallel to steps 1-2.

Editor’s Note 2: It is FFS on dynamic RUA DN (i.e. UE learns it on call basis during the SIP Signalling) use case and how it is done.

4
Standard VMSC procedure for CS origination.

5
Standard MGCF procedure for PSTN origination. The I-CSCF routes the INVITE based on the standard procedures “PSI based Application Server Termination (direct or –indirect) procedures in TS 23.228 [4]. S-CSCF selected may not be the same one as in step 1. The PSI routing points to the same RUA of the ICCF as in step 1 (e.g., with the use of dedicated PSI per user).

6
Standard IMS procedure to route the SIP INVITE message to the RUA of the ICCF is invoked as part of standard iFC processing at the S-CSCF.

7
The RUA of the ICCF the invokes a B2BUA, terminating the UE Leg and originating the RUA Leg for presentation of an IMS session toward Other end B on behalf of ICS UE A. The RUA of the ICCF combines the SDP offers received for the Session Control Signalling and Bearer Control Signalling as one offer towards the other end B. The SDP offer used to establish the voice media send towards other end B follows the regular IMS procedures for a VoIP offer for voice media.

8
Standard IMS originated session processing at the CSCF.

NOTE 5:
VCC and Originating Supplementary services (e.g. OCB, OIR), if any, are executed in the Application Servers in home IMS. These are not shown in the figure.

NOTE 6:
VCC Application may anchor the SIP session before it leaves the originating IMS (as per regular Rel-07 VCC procedures), these are not shown in the figure.

NOTE 7:
Once the B party answers to the SDP offer, the RUA of the ICCF needs to modify also the leg towards the MGCF. The RUA of the ICCF sends a Re-INVITE to MGCF, MGCF modifies the remote MGW resource reservation accordingly. The Re-INVITE modifies the remote IP address and codec of MGW in order to send and receive RTP stream from/to B party. This is not shown in the figure.
*** End Change ***
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