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1. Introduction
It has been established that support of CS supplementary services using a Distributed service model (documented in Sections 6.3.7.1 thru 6.3.7.3 of TR 23.806) is not a viable solution due several reasons [covered by S2H-06xxxx: “Services support for initial VCC release”, by Nortel, AT&T et al.]
The Centralized Service Model is deemed a sustainable long term solution for the support of services. It has been proposed that the service control is in home IMS for calls originated or terminated to the UE in IMS and post CS to IMS Domain Transfers (i.e., when the VCC UE has been in the IMS domain).
This document presents the call flows for continuity of mid-call supplementary services when a UE hands off from IMS to CS domain.
The call flows following supplementary services are described in this document:

1. Call Hold

2. Call Waiting

3. Three-Way-Calling or Conferencing
2. Discussion

The subsequent sections describe the procedures for each of the mid-call supplementary services during IMS VoIP to CS handoff in detail.

1. Call Continuity for Call Hold

The figure below provides the walkthrough when UE 1 is in a pure VoIP call with UE 2. UE 1 has put the call in the held state when UE 1 loses IMS (IPCAN) coverage and undergoes a call handoff to CS domain.
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Figure 1 Call Hold Supplementary Service

UE 1 is in a call with UE 2. The call is anchored at the home CCCF (this call flow assumes a common home CCCF for UE 1 and UE 2 for simplicity of illustration).

1. UE 1 sends SIP signalling to put UE 2 on hold. The SIP signalling traverses through the CCCF where the call is anchored.

2. The CCCF forwards the SIP signalling to UE 2 and marks the call with UE 2 on hold.
3. At this point UE 1 determines it is close to edge IPCAN coverage and initiates the IMS-to-CS domain transfer procedure. The domain transfer procedure is performed as described in section 6.4.2. Once the domain transfer is complete, the call-leg between the UE and the CCCF is transferred to the CS domain, while anchored at the CCCF. The MSC has no information about the mid-call supplementary service of the transferred call-leg.

4. When UE 1 decides to resume call with UE 2, UE 1 sends a USSD message containing the following information in the user-data:

a. SIP dialog-id; to identify the call to the CCCF

b. SDP voice media attribute information; to indicate whether the request is for call resume, termination etc.
5-6. The Visited MSC forwards the USSD message to the subscriber’s HLR. The HLR forwards the USSD message to the gsmSCF function which updates CCCF with the information received in the USSD message.

7. The CCCF extracts information from the USSD message body to generate a SIP INVITE message directed towards UE 2 in order to resume the call.

8. The CCCF sends the SIP INVITE to UE 2, with voice media attribute SDP offer set to “sendrecv”.

9. UE 2 accepts the invitation to resume the call and responds with a 200 OK with voice media attribute SDP offer set to “sendrecv”.

10. CCCF sends an ACK to UE 2.

11. After step 10, the CCCF sends a USSD Response message.

12-13. The USSD response message is forwarded to the VMSC and subsequently passed on to the originating UE.


2. Call Continuity for Call Waiting

The figure below provides the walkthrough when UE 1 is in a pure VoIP call with UE 2. UE 1 receives an incoming call from UE 3, puts the original call with UE 2 in the held state and accepts this new incoming call. After this point, UE 1 loses IPCAN coverage and undergoes a call handoff to CS domain.
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Figure 2 Call Waiting Supplementary Service

UE 1 is in a call with UE 2. The call is anchored at the home CCCF (this call flow assumes a common home CCCF for UE 1 and UE 2 for simplicity of illustration).

1-2. UE 3 initiates a call to UE 1 using SIP signaling. The SIP signaling traverses through the CCCF where the call is anchored. On receipt, UE 1 (already in a call with UE 2) gets a call waiting indication.
3. UE 1 initiates SIP signalling to put UE 2 on hold. The SIP signaling traverses through the CCCF where the call is anchored.
4. The CCCF forwards the SIP signalling to UE 2 and marks the call with UE 2 on hold. The call set-up between UE 1 and UE 3 is completed via the CCCF where the call is anchored.
5. At this point UE 1 determines it is close to edge IPCAN coverage and initiates the IMS-to-CS domain transfer procedure. The domain transfer procedure is performed as described in section 6.4.2. Once the domain transfer is complete, the call-leg between the UE and the CCCF is transferred to the CS domain, while anchored at the CCCF. The MSC has no information about the mid-call supplementary service of the transferred call-leg.
6. When UE 1 decides to resume call with UE 2, UE 1 sends a USSD message containing the following information in the user-data:
a. SIP dialog-id; to identify the call to the CCCF

b. SDP voice media attribute information; to indicate whether the request is for call resume, termination etc.
8-9. The Visited MSC forwards the USSD message to the subscriber’s HLR. The HLR forwards the USSD message to the      gsmSCF function which updates CCCF with the information received in the USSD message.
10. The CCCF extracts information from the USSD message body to generate a SIP INVITE message directed towards UE 2 in order to resume the call, and towards UE 3 in order to place the call on hold.
11. The CCCF sends an INVITE to UE 3 to put UE 3 on hold. The SDP offer in the INVITE set the voice media attribute as “inactive”. 

12. UE 2 answers the INVITE with 200 OK and set the voice media attribute to “inactive” in the SDP answer.  

13. CCCF sends ACK to UE 2.

14. The CCCF sends an INVITE to UE 2 to resume call with UE 2. The SDP offer in the INVITE set the voice media attribute as “sendrecv”.

15. UE 2 accepts the invitation to resume the call and responds with a 200 OK with voice media attribute SDP offer set to “sendrecv”.

16. CCCF sends an ACK to UE 2.
17. After step 16, the CCCF sends a USSD Response message.

18-19. The USSD response message is forwarded to the VMSC and subsequently passed on to the originating UE.

3.   
Call Continuity for Conferencing

The figure below provides the walkthrough when UE 1 and UE 2 are on a pure VoIP call when UE 2 decides to transfer the call to a Conference Server (CS). UE 1 first puts UE 2 on hold, initiates a conference service and includes UE 2 and UE 3 in the conference.

UE 1 is in a pure VoIP call with UE 2 and UE 3 via the CS. After this point, UE 1 loses IPCAN coverage and undergoes a call handoff to CS domain. 
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Figure 3 n-Way Conference Calling Supplementary Service
UE 1 is in a call with UE 2. The call is anchored at the home CCCF. This call flow assumes a common home CCCF for UE 1, UE 2 and UE 3 for simplicity of illustration. This call flow also assumes the CCCF and the Conference Server are collocated. 
1. UE 1 decides to initiate a 3-way call with UE 2 and UE 3. UE 1 first puts UE 2 on hold. UE 1 establishes voice communication with the conference server and invites UE 2 and UE 3 to the conference, via SIP signaling.  The INVITE traverses through the CCCF where the call is anchored.
2. The conference server invites UE 2 to the conference on behalf of UE 1 via SIP signaling.
3. The conference server invites UE 3 to the conference on behalf of UE 1 via SIP signaling.
4. At this point UE 1 determines it is close to edge IPCAN coverage and initiates the IMS-to-CS domain transfer procedure. The domain transfer procedure is performed as described in section 6.4.2. Once the domain transfer is complete, the call-leg between the UE and the CCCF is transferred to the CS domain, while anchored at the CCCF. The MSC has no information about the mid-call supplementary service of the transferred call-leg.

5. When UE 1 decides to terminate the conference call, UE 1 sends a USSD message containing the following information in the user-data:
a. SIP dialog-id; to identify the call to the CCCF

b. SDP voice media attribute information; to indicate the request is for termination
7-8. The Visited MSC forwards the USSD message to the subscriber’s HLR. The HLR forwards the USSD message to the      gsmSCF function which updates CCCF with the information received in the USSD message.
9-14.  The CCCF extracts information from the USSD message body to generate a SIP BYE messages directed towards UE 2 and UE 3 (via the Conference Server) in order to terminate the call. UE 3 answers the BYE with 200 OK. CCCF sends ACK to UE 3.
15. After step 13, the CCCF sends a USSD Response message.

16-17. The USSD response message is forwarded to the VMSC and subsequently passed on to the originating UE.
3. Conclusion and Proposal

Agree on text in Section 2 for inclusion in Section 6.6 of TS 23.206.
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