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0.
History
This paper was distributed, discussed, updated during the last SA2 meeting and again discussed and updated during email approval. Finally, there was one company objecting the paper and it missed the email approval. Nevertheless, Siemens feels that this paper can be agreed by the majority of the companies and is therefore re-submitted.
Note: Section 6.3.2 has been unmodified copied from the current TS 23.206v110 to simplify readability. The section numbering and the section titles were aligned with TS 23.206v110.
1.
Introduction

The contribution takes into account the recent agreements regarding the VCC architecture, i.e. it shows the functional elements separated as described in the TS, and updates based on that new architecture the call termination scenarios. Moreover, it tries to complete the call termination section by proposing new text for section 6.3. 
2.
Proposal

6.3
Termination

Voice calls to VCC subscribers, coming from the IMS or the CS domain, may  be anchored in the IMS according the rules provided in section 4.4.2 to facilitate domain transfer and may finally be directed to the IMS or the CS domain based on the criteria as described in section 4.3.
6.3.1
Terminated Call Coming from CS

In order to allow different deployment scenarios, optimisations and operator requirements, it is not mandated how to route the call toward the IMS.
Note: Annex A contains several call diversion techniques, which may be used by current CS networks.
6.3.2 Terminated Call Coming from IMS

Existing Mobile Termination procedures described in 3GPP TS 23.228 [2] sections 5.7.1, 5.7.2, 5.7.2a are used to establish a session towards a VCC UE. The Service Logic invoked for the VCC subscriber results in routing of the IMS terminating sessions to the DTF, where it uses 3rd party call control as per 3GPP TS 23.228 [2] to initiate a call to the remote party on behalf of the user. 

Figure 6.4.1.1-1 shows B2BUA at the DTF when the Access Leg is established for IMS voice sessions to illustrate its use as precondition of Domain Transfer procedures. In order to avoid a situation where other SIP Application Servers that will be used for the duration of the session are released upon domain transfer, the DTF should be the last Application Server of any Application Servers that need to remain in the path of the call after domain transfer.
6.3.3
Terminated Call Directed to CS

Figure 6.3.3-1 below describes how the signalling path is established toward a VCC user when the user is roaming in the CS Domain and the call is directed to CS. 
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Figure 6.3.3-1: Terminated Call Directed to the CS Domain
1.
An INVITE is arriving at the S-CSCF which includes a request URI in Tel URI or SIP URI format.

2.
The S‑CSCF invokes services according to filtering criteria in the user profile.

3.
The S-CSCF invokes the Domain Transfer Function (DTF) using the ISC interface and forwards the initial INVITE to it.

4.
The DTF recognises it participates in a mobile terminated call, anchors the call depending on operator policy and sends an INVITE via ISC towards the S‑CSCF.
5.
The S-CSCF invokes the Domain Selection Function (DSF) using the ISC interface and forwards the initial INVITE to it.
Editor’s notes: The role of the DTF within the domain selection process in case of ongoing calls needs to be clarified.

6.

The DSF selects, based on the criteria as described in section 4.3 optionally in conjunction with the HSS and existing CS call termination procedures, the CS domain for call routing and sends an INVITE containing the CS domain routing number (CSRN) in the request URI toward the S-CSCF. The INVITE including the CSRN contains sufficient information to allow the S-CSCF to determine that the session is to be routed to the UE in the CS domain.

7.
The S-CSCF routes the INVITE toward the CS domain according to TS 23.228 [2]. 

Note: As an optimization, the DTF and DSF may be combined in a single AS to avoid additional signalling.
6.3.4
Terminated Call Directed to IMS

Figure 6.3.4-1 below describes how the signalling path is established toward a VCC user when the user is roaming in the IMS Domain and the call is directed to IMS.
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Figure 6.3.4-1: Terminated Call Directed to the IMS Domain
1.
An INVITE is sent to the S-CSCF which includes a request URI in Tel URI or SIP URI format.

2.
The S‑CSCF invokes  services according to filtering criteria in the user profile.
3.
Based on the service logic the S-CSCF invokes the Domain Transfer Function (DTF) using the Isc interface and forwards  the INVITE toward the DTF.

4.
The DTF recognises it participates in a mobile terminated call, anchors the call depending on operator policy and sends an INVITE via Isc towards the calls‑CSCF.
5.
The S-CSCF invokes the Domain Selection Function (DSF) using the ISC interface and forwards the initial INVITE to it.. 
Editor’s notes: The role of the DTF within the domain selection process in case of ongoing calls needs to be clarified.
6.
The Domain Selection Function selects, based on the criteria as described in section 4.3 optionally in conjunction with the HSS and existing CS call termination procedures, the IMS for call routing and sends the INVITE containing the unmodified R‑URI back to the S‑CSCF.

7.
The S-CSCF forwards the INVITE toward the UE in the IMS domain.
Note: As an optimization, the DTF and DSF may be combined in a single AS to avoid additional signalling.
3.
Conclusion and Proposal

Agree to modify text in TS 23.206v0.5.1 section 6.3.
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