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Introduction
This paper provides example information flows for mid call services on IMS sessions with CS voice bearers established for ICS UEs using the PS transport of ICCC.
Recommendation/Proposal
It is proposed to add the following text to TR 23.982.
*** Begin new text ****

6.1.8
Mid-Call Services 

Example information flows for mid call services using different models for the signalling/bearer architecture for full-duplex speech service with IMS centralized services over CS access are discussed in the following.

6.1.8.1
Calls established using CS bearers with use of PS transport for ICCC

The following figure provides an example flow for a call made by an ICS UE A to the other end C after holding the other end B.
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Figure: ICS UE mid-call service-A holds B, calls C: PS transport
1. ICS UE A Holds Call to the other end B by sending a “HOLD indication” via SIP Re-INVITE message to RUA.

2. Standard IMS procedure to communicate the SIP message to the RUA.

3. RUA composes an SDP offer towards the B party to put the voice media on hold. SDP offer/answer for hold follows the standard MMTel procedures.   

4. Standard IMS procedure to communicate the SIP message to the B party.

5. UE A generates a SIP INVITE initiating a session toward the other end C, and sends it toward the P-CSCF and I/S-CSCF. The SIP INVITE message has sufficient information needed at the RUA to correlate the session request with the Bearer Control Session established previously with the RUA. The SDP offer in INVITE indicates to the RUA that the UE-A is willing to establish a voice call via CS bearer, and the actual details for voice media will be offered by MGCF.  

6. Standard IMS procedure to communicate the SIP message to the RUA.

7. RUA remembers the original SDP offer from MGCF that it received for a call towards B party, and composes a new SDP offer towards the C party, based on the original offer from MGCF and offer from UE-A for session control Signalling.  

8. Standard IMS procedure to communicate the SIP message to the C party.
Note: Once the C party answers to the SDP offer, the RUA needs to modify also the leg towards the MGCF. RUA sends a Re-INVITE to MGCF, MGCF modifies the MGW resource reservation accordingly. In minimum the remote IP address of MGW will change, in order to send and receive RTP stream from/to C party, instead of B. It is possible that also the voice codec of MGW will change, depending on the capabilities of C. This is not shown in the figure.

Editor’s Note: How to handle RTCP reports from the held party “B” is FFS. The issue is such that after the MGW switches the user-plane connection toward the “C” party, it does not response to the RTCP reports from “B” and subsequently B may release the session.
*** End new text ****
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