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Introduction

This paper provides example information flows for terminating IMS sessions with CS voice bearers, using the AS approach of ICCF implementation.

Recommendation/Proposal
It is proposed to add the following text to TR 23.892 v040.

*** Begin new text ****
6.1.a
Session Terminations using CS bearers – AS approach
Example information flows for session terminations 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.a.1
Calls established using CS bearers with use of ICCC-ps

The figure xx provides an example flow for a call destined to an ICS UE when the PS transport alternative for ICCC is used to support the setup of terminating sessions.
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Figure xx: ICS UE termination using CS bearers with use of ICCC-ps

1. An incoming SIP INVITE is received at the S-CSCF of the B party.

2. The S-CSCF forwards the INVITE to the ICCF.

3. The ICCF fetches a number such as MSRN if a media connection is not already established to UE-B.

Editor’s note: The type of number to be used and how the number is allocated is FFS. The Relationship and interworking with DSF is FFS.
4. The ICCF generates an INVITE to the other end B indicating the use of a CS bearer.

5. The INVITE is sent to the UE-B via ICCC-ps.

Editor’s Note: The details how to indicate the use of CS bearer instead of regular VoIP in SDP are FFS. TS 24.229 requires media indication in termination case, it is FFS on how this is used. 

Editor’s Note: The details on correlating the session request with the Bearer Control Session established with the RUA are FFS.

6. UE-B responds with a 183 Session Progress. The user is not alerted.
7. The ICCF receives the 183 Session Progress from the UE.

8. The ICCF sends an INVITE (tel URI = MSRN) to the S-CSCF.

9. The Request URI has been modified, the S-CSCF skips further service execution and routes the call towards the CS domain.
10. The MGCF sends an IAM to the VMSC.

11. VMSC sends SETUP to UE-B.

12. The user accepted the call, the UE sends the 200 OK. 

13. UE-B responds with a CONNECT message.

14. VMSC responds with ANM towards the IMS.

15. MGCF sends the 200 OK to the S-CSCF.

16. S-CSCF forwards the 200 OK to the ICCF.

17. The ICCF sends a 200 OK as response to the INVITE in step 2 towards the S-CSCF.

18. S-CSCF forwards the 200 OK towards the A party.
6.1.a.2
Calls established using CS bearers with use of ICCC-cs

The figure xx provides an example flow for a call destined to an ICS UE when the USSD transport alternative for ICCC is used to support the setup of terminating sessions.
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Figure xx: ICS UE termination using CS bearers with use of ICCC-cs
1. An incoming SIP INVITE is received at the S-CSCF of the B party.

2. The S-CSCF forwards the INVITE to the ICCF.

3. The ICCF fetches a number such as MSRN if a media connection is not already established to UE-B.

Editor’s note: The type of number to be used and how the number is allocated is FFS. The Relationship and interworking with DSF is FFS.
4. ICCF initiates an ICS Incoming Call Request to the HSS.

Editor’s note: Whether Sh is used instead of MAP is FFS.
5. The HSS sends an USSD message to the VMSC.

6. The UE-B receives the USSD including the calling party ID.

7. The ICCF sends an INVITE (tel URI = MSRN) to the S-CSCF.

8. The Request URI has been modified, the S-CSCF skips further service execution and routes the call towards the CS domain.
9. The MGCF sends an IAM to the VMSC.

10. VMSC sends SETUP to UE-B.

11. UE-B responds with a CONNECT message.

12. VMSC responds with ANM towards the IMS.

13. MGCF sends the 200 OK to the S-CSCF.

14. S-CSCF forwards the 200 OK to the ICCF.

15. The ICCF sends a 200 OK as response to the INVITE in step 2 towards the S-CSCF.

16. S-CSCF forwards the 200 OK towards the A party.
6.1.a.3 
Calls established using CS bearers without use of ICCC
The figure xx provides an example for setup of terminating sessions towards a legacy UE or if ICCC is not required, e.g. for provisioning the caller ID.
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Figure xx: ICS UE termination using CS bearers without use of ICCC
1. An incoming SIP INVITE is received at the S-CSCF of the B party.

2. The S-CSCF forwards the INVITE to the ICCF.

3. The ICCF fetches a number such as MSRN if a media connection is not already established to UE-B.

Editor’s note: The type of number to be used and how the number is allocated is FFS.
4. The ICCF sends an INVITE (tel URI = MSRN) to the S-CSCF.

5. The Request URI has been modified, the S-CSCF skips further service execution and routes the call towards the CS domain.
6. The MGCF sends an IAM to the VMSC.

7. VMSC sends SETUP to UE-B.

8. UE-B responds with a CONNECT message.

9. VMSC responds with ANM towards the IMS.

10. MGCF sends the 200 OK to the S-CSCF.

11. S-CSCF forwards the 200 OK to the ICCF.

12. The ICCF sends a 200 OK as response to the INVITE in step 2 towards the S-CSCF.

13. S-CSCF forwards the 200 OK towards the A party.
*** End new text ****

3GPP

SA WG2 TD


_1238410377.vsd
S-CSCF


CS voice


VoIP


2. SIP:INVITE


15. SIP:200 OK


7. SIP:INVITE


4. MAP : USSD ICS incoming call (MSISDN, calling party)


6. SS: USSD


11. CC:Connect


5. MAP : USSD 


ICCF


MGW


MGCF


HSS


VMSC


UE-B


3. ICCF fetches the MSRN to reach UE-B


12. ISUP:ANM


13. SIP 200 OK


14. SIP:200 OK


16. SIP:200 OK


1. SIP:INVITE


8. SIP:INVITE


9. ISUP:IAM


10. CC: SETUP



_1238410500.vsd
ICCF


MGW


MGCF


HSS


VMSC


UE-B


3. ICCF fetches the MSRN to reach UE-B


9. ISUP:ANM


10. SIP 200 OK


11. SIP:200 OK


13. SIP:200 OK


1. SIP:INVITE


S-CSCF


CS voice


VoIP


2. SIP:INVITE


12. SIP:200 OK


4. SIP:INVITE


5. SIP:INVITE


7. CC: SETUP


8. CC:Connect


6. ISUP:IAM



_1238410289.vsd
S-CSCF


CS voice


VoIP


2. SIP:INVITE


17. SIP:200 OK


4. SIP:INVITE


5. SIP:INVITE (A-party, SDP)


11. CC: SETUP


13. CC:Connect


10. ISUP:IAM


ICCF


MGW


MGCF


HSS


VMSC


UE-B


3. ICCF fetches the MSRN to reach UE-B


12. SIP: 200 OK


14. ISUP:ANM


15. SIP 200 OK


16. SIP:200 OK


18. SIP:200 OK


1. SIP:INVITE


9. SIP:INVITE


6. SIP: 183 Session Progress


7. SIP:183 Session Progress


8. SIP:INVITE



