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Introduction

The information flows for terminating call handling with the AS approach currently documented in TR 23.892 use CS Termination procedures for establishment of circuit voice bearer. There are several issues with the use of CS Termination procedures for setting up of circuit voice bearer such as different mechanisms for bearer setup for originations and terminations; double ringing and double paging etc. 

We recommend use of the same procedure for setting up of circuit voice bearers for ICS user calls including originations and terminations. With this approach, the UE sets up the Bearer Control Signalling Path by making a CS originated call using a RUA PSI DN toward the ICCF to establish the circuit voice bearer. This approach has the following benefits:
· Consistent procedures for bearer setup for all ICS user calls, which is also consistent with the PDP context establishment when using PS bearers for voice. 

· Avoid the sending of two terminating sessions to the UE, i.e. two INVITES with the I1-ps option and an INVITE and a Setup with the I1-cs option. 
· Avoid double paging and double ringing at the UE caused by presenting two calls to the UE for each incoming session.
· Avoid the issue with double billing: The call is charged twice, once in IMS and once in CS as there are two calls for the subscriber; on the other hand, the use of PSI DN to establish the Bearer Control Signalling path using CS-O alleviates this issue.
· Prevent potential interactions with terminating CS supplementary services if active in the VMSC.

· Avoids the use of the CS domain procedures, better call setup performance: No need for the SRI query.
· Provides an effective solution for implementation of visited network Call Diversion services (equivalent of CFNRc, CFNRy and CFB) in IMS. 
Nortel recommends the set up of CS bearers using CS-Origination procedures as an alternative for ICS Termination flows when using the AS approach.
This paper covers the modifications required when I1-cs is used to set up the terminating sections.
Recommendation/Proposal

It is proposed to add the following text to TR 23.892 v0.5.6.
*** Begin New Text ****
6.6.2.2.3
    Calls established using CS bearers with use of I1-cs
6.6.2.2.3.2
Using CS Origination procedures to set up the Bearer Control Signalling session
The figure 6.6.2.2.3-1 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 using CS Origination procedures for setting up the Bearer Control Signalling session.
Note: The un-bolded steps are related to the Session Control Signalling set-up procedures. The bolded steps are related to the Bearer Control Signalling session set-up procedures

[image: image1.emf]I/S-CSCF

CS voice

VoIP

2

.I

NV

I

TE

 

(Offer

 

A

: 

SDP-A

)

 

32. SIP:200 OK

5. USSD

7. Setup (RUA PSI 

DN)

23. Connect

ICCF MGW MGCF

HSS

ICS UE B

3. ICCF access selection 

function chooses CS domain

22. AN

M

21. 200 OK

33. SIP:200 OK

1

. I

NV

I

TE

 

(Offer

 

A

: 

SDP-A

 

)

10. INVITE 

(RUA PSI, 

O

ffer 

M

G

W

: SDP-

M

G

W

)

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

8. Call Proceeding

9. IAM (RUA PSI DN)

11. INVITE (RUA 

PSI, Offer MGW: 

SDP-MGW)

12. UPDATE (A, 

Answer A: SDP-

MGW)

13. UPDATE (A, 

Answer A: SDP-

MGW)

30. USSD

14. 200 OK

15. 200 OK

20. 200 O

K

17. SIP:183Session Progress (Answer MGW: SDP-A)

18. ACM

19. Alerting

16. SIP:1

83Session 

Progress (An

swer 

MGW: SDP-A)

VMSC

29

. 

USSD

 (

Answe

r)

6

. 

US

SD

 (I

ncom

i

ng

 

Ca

ll)

31. USSD (Answer)

UE A

24

. 

USSD

 (

R

i

ng

i

ng

)

25. USSD

26. USSD (Ringing)

27. 180 Ringing

28. 180 Ringing


Figure 6.6.2.2.3.2-1: ICS UE termination using CS bearers using CS Origination procedures with use of I1-cs

1. An incoming SIP INVITE is received at the S-CSCF of the B party with an Offer containing SDP from the A-party.

2. The S-CSCF forwards the INVITE to the ICCF.
3. The ICCF performs access selection and chooses the CS domain.

4. The ICCF (acting as a B2BUA) establishes a session over I1-cs by sending an Incoming Call Request (in a USSD message) to the HSS. The request contains a SIP or Tel URI of the A and B parties (B subject to privacy), GRUU information and any other necessary information to complete the call. Additionally, an E.164 number is sent in the outbound USSD which is then used by the ICCF later on to correlate the incoming call.
5. The HSS sends an USSD message to the VMSC.
6. UE B receives the USSD message from the VMSC after paging for USSD as necessary.
7. UE-B sends a SETUP message to the VMSC to establish the Bearer Control Signalling session. The SETUP message includes the RUA PSI DN as the called party number. This will establish the circuit voice bearer between the UE and IMS.
8. The VMSC responds with a call proceeding message and begins to set up the Bearer Control Signalling session.
9. The VMSC processes the SETUP message and sends an IAM to the MGCF. The SETUP message contains the RUA PSI DN. [NOTE: Standard VMSC procedures for CS origination]

10. The MGCF performs a setup of the MGW and creates an INVITE with an Offer containing the SDP from the MGW. The INVITE is sent via the I/S-CSCF to the ICCF. [NOTE: Standard MGCF procedure for PSTN origination]
11. The I/S-CSCF forwards the INVITE to RUA of ICCF. 
12. The ICCF sends an UPDATE to the S-CSCF with an Answer to the Offer from the A-party, containing the SDP from the MGW.

13. The S-CSCF forwards the UPDATE to the A-party.

14. The S-CSCF receives a 200 OK to the UPDATE.

15. The S-CSCF forwards the 200 OK to the ICCF.

16. The ICCF sends a 183 Session Progress to S-CSCF with an Answer to the Offer from the MGW, containing the SDP from the A-party.

17. The S-CSCF sends the 183 Session Progress to the MGCF.

18. The MGCF creates an ACM and sends it to the VMSC.

19. Alerting is send from the VMSC to UE B.

20. The ICCF sends a 200 OK to S-CSCF in response to the INVITE in Step 12.

21. The S-CSCF forwards the 200 OK to the MGCF.

22. The MGCF creates an ANM and sends it to the VMSC.

23. The VMSC sends a Connect to UE B. The set up of the bearer is complete.

24. User Alerting at UE B; UE B sends Ringing in a USSD message to the VMSC. 

25. The VMSC forwards the USSD (Ringing) to the HSS.
26. The HSS forwards the USSD (Ringing) to the CAAF of the ICCF.
27. The CAAF of the ICCF performs the necessary adaptation and relays the information needed for generation of the SIP message at the RUA of the ICCF. The RUA of the ICCF acting as a B2BUA creates a 180 Ringing and sends it to the S-CSCF for communicating with UE A.
28. The S-CSCF forwards the 180 Ringing to UE A.
29. User Answer at UE B; UE B sends Answer in a USSD message to the VMSC.

30. The VMSC forwards the USSD (Answer) to the HSS.

31. The HSS forwards the USSD (Answer) to the CAAF of the ICCF.

32. The CAAF of the ICCF performs the necessary adaptation and relays the information needed for generation of the SIP message at the RUA of the ICCF. The RUA of the ICCF acting as a B2BUA creates a 200 OK and sends it to the S-CSCF for communicating with UE A.

33. The S-CSCF forwards the 200 OK to UE A.
*** End New Text ***
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