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*** The First Change ***

5.3.1.2
Functional Entities used by VCC application

5.3.1.2.1
Domain Transfer Function (DTF)

The Domain Transfer Function (DTF) uses the ISC reference point towards the S-CSCF for execution of the Domain Transfer functions. It performs the following functions:

-
Executes the transfer of the VCC UE access between the CS domain and IMS as requested by the VCC UE.

-
Insertion of 3rd Party Call Control (3pcc) upon call establishment to enable transfers between the CS domain and IMS.

-
Maintenance of domain transfer enablement policies.

-
Maintenance of the current domain used by the VCC user's active session for assistance in subsequent domain selection.

-
Provides domain transfer specific charging.

-
Preserves the information necessary for delivery of Calling Line Identity for VCC UE voice sessions anchored in IMS.

-
Preserves the information necessary for delivery of Connected Line Identity for VCC UE voice sessions anchored in  IMS.
-
Obtains the result of domain selection including CSRN from the DSF.
Editors Note:
It is for further study as to how the originating domain is communicated to the DTF when using CS Access. P-Access-Network-Info is missing as an implicit indication to indicate call is originated via CS domain, or should some IMS entities populates P-Access-Network-Info with a new value; in which case, it is for further study as to which entity in the network populates the P-Access-Network-Info Header when presenting the CS session as AS-O session to S-CSCF (possible suggestions: CSAF, MGCF or I-CSCF).

Editor's note: 
In case user's Late Call Forwarding, Call Deflection or Explicit Communication Transfer Supplementary Services is invoked in the CS domain after anchoring in IMS, the DTF shall maintain the correct call state so that domain transfers for subsequent calls of the user are not rejected. It is for further study as to how the DTF maintains the correct call state.
5.3.1.2.2
Domain Selection Function (DSF)

The Domain Selection Function provides selection of domain to be used for delivery of a VCC UE's incoming call. The DSF performs the following functions:

-
Determination of IMS registration status to aid in domain selection.

-
Determination of CS registration status to aid in domain selection.

-
Communication with the DTF to retrieve current domain used for VCC UE active calls to use it in domain selection for incoming calls.

-
Determination of the CSRN.

NOTE:
It is an implementation option as to how the DSF determines the CSRN. The DSF may collaborate with the CSAF for determination of the CSRN. 
-
Provides the result of domain selection to other Application Servers which need the result of domain selection for their service logic.

Editor’s Note:
It is FFS how to deliver the result of domain selection to other Application Server from the DSF.
*** End of the First Change ***
*** The Second Change ***

6.3
Termination

Voice calls to VCC subscribers coming from the IMS or the CS domain may be anchored in the IMS according to the rules provided in clause 4.4.2 to facilitate domain transfer and may finally be delivered to the UE via the IMS or the CS domain based on the criteria as described in clause 4.3. 
In order to provide the result of domain selection to other Application Servers, including the DTF, which need the result for their service logic, the DSF should be prior to these Application Servers.
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. Once the call is in the IMS, subsequent processing of the call is as described clause 6.3.2.

NOTE:
Annex A contains several call routing techniques, which may be used by current CS networks.
6.3.2
Terminated call coming from IMS
Existing Mobile Termination procedures described in TS 23.228 [2] clauses 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 TS 23.228 [2] to initiate a call to the remote party on behalf of the user.

Figure 6.4.1.1-1 shows 3pcc 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 6.3.2-1 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 6.3.2-1: Terminated call directed to CS domain
1.
An INVITE arrives at the S-CSCF including a request URI in Tel URI or SIP URI format.

2.
S‑CSCF invokes necessaryservice logic as appropriate.

3.
S-CSCF forwards the initial INVITE to the VCC Application over the ISC interface..


4.
Based on the criteria as described in section 4.3, the DSF of the VCC Application selects the CS domain for call routing
5.
The DSF of the VCC Application determines the CS domain routing number (CSRN), optionally in collaboration with the HSS and the CSAF[x].
6.
The DSF of the VCC Application sends the INVITE back to S-CSCF.

7.
S-CSCF invokes necessary service logic as appropriate.

8.
S-CSCF forwards the INVITE to other Application Servers over the ISC interface.
9.
Other Application Servers perform the service handling.
10.
Other Application Servers send the INVITE back to S-CSCF.

11.
S-CSCF invokes necessary service logic as appropriate.
12.
S-CSCF forwards the INVITE to the VCC Application over the ISC interface.
13.
The DTF of the VCC Application anchors the call depending on operator policy. 

14.
The DTF of the VCC Application obtains the CSRN from the DSF of the VCC Application.
15.
The DTF of the VCC Application sends an INVITE including the CS domain routing number as 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 CS domain.





16.
S-CSCF routes the INVITE toward the CS domain according toTS 23.228 [2].

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 including a request URI in Tel URI or SIP URI format.

2.
S‑CSCF invokes necessary service logic as appropriate.

3.
S-CSCF forwards the INVITE toward the VCC Application over the ISC interface..


4.
Based on the criteria as described in section 4.3, the DSF of the VCC Application selects the IMS for call routing optionally in collaboration with the HSS.
5.
The DSF of the VCC Application sends the INVITE back to S-CSCF.

6.
S-CSCF invokes necessaryservice logic as appropriate.

7.
S-CSCF forwards the INVITE to the other Application Servers over the ISC interface.
8.
Other Application Servers perform the service handling.

9.
Other Application Servers sends the INVITE back to S-CSCF.

10.
S-CSCF invokes necessaryservice logic as appropriate.
11.
S-CSCF forwards the INVITE to the VCC Application over the ISC interface.
12.
The DTF of the VCC Application anchors the call depending on operator policy. 

13.
The DTF of the VCC Application sends the INVITE containing the unmodified R-URI toward the S-CSCF..





14.
S-CSCF forwards the INVITE toward the UE in the IMS domain.

*** End of the Second Change ***
�PAGE \# "'Page: '#'�'"  �� � HYPERLINK "http://www.3gpp.org/ftp/Information/DocNum_FTP_structure_V3.zip" ��Document numbers� are allocated by the Working Group Secretary.  


�PAGE \# "'Page: '#'�'"  �� Enter the specification number in this box. For example, 04.08 or 31.102. Do not prefix the number with anything . i.e. do not use "TS", "GSM" or "3GPP" etc.


�PAGE \# "'Page: '#'�'"  �� Enter the CR number here. This number is allocated by the 3GPP support team.  It consists of at least three digits, padded with leading zeros if necessary.


�PAGE \# "'Page: '#'�'"  �� Enter the revision number of the CR here. If it is the first version, use a "-".


�PAGE \# "'Page: '#'�'"  �� Enter the version of the specification here. This number is the version of the specification to which the CR was written and (normally) to which it will be applied if it is approved. Make sure that the latest version of the specification (of the relevant release) is used when creating the CR. If unsure what the latest version is, go to � HYPERLINK "http://www.3gpp.org/3G_Specs/3G_Specs.htm" ��� � HYPERLINK "http://www.3gpp.org/specs/specs.htm" ��http://www.3gpp.org/specs/specs.htm�.


�PAGE \# "'Page: '#'�'"  �� For help on how to fill out a field, place the mouse pointer over the special symbol closest to the field in question.


�PAGE \# "'Page: '#'�'"  �� Mark one or more of the boxes with an X.


�PAGE \# "'Page: '#'�'"  �� SIM / USIM / ISIM applications.


�PAGE \# "'Page: '#'�'"  �� Enter a concise description of the subject matter of the CR. It should be no longer than one line.  Do not use redundant information such as "Change Request number xxx to 3GPP TS xx.xxx".


One or more organizations (3GPP Individual Members) which drafted the CR and are presenting it to the Working Group.


For CRs agreed at Working Group level, the identity of the WG.  Use the format "x WGn" where �	x = "CT" for TSG CT, "RAN" for TSG RAN, "SA" for TSG SA, "GERAN" for TSG GERAN; �PAGE \# "'Page: '#'�'"  ���	n = digit identifying the Working Group; for CRs drafted during the TSG meeting itself, use "TSG x". �Examples: "CT WG4", "RAN WG5", "GERAN WG3", "TSG SA".


�PAGE \# "'Page: '#'�'"  �� Enter the acronym for the work item which is applicable to the change. This field is mandatory for category F, B & C CRs for release 4 and later. A list of work item acronyms can be found in the 3GPP work plan. See � HYPERLINK "http://www.3gpp.org/ftp/information/work_plan/" ��http://www.3gpp.org/ftp/information/work_plan/� .


�PAGE \# "'Page: '#'�'"  �� Enter the date on which the CR was last revised.  Format to be interpretable by English version of MS Windows ® applications, e.g. 19/02/2002.


�PAGE \# "'Page: '#'�'"  �� Enter a single letter corresponding to the most appropriate category listed below. For more detailed help on interpreting these categories, see the Technical Report �HYPERLINK "http://www.3gpp.org/ftp/Specs/html-info/21900.htm"��21.900� "TSG working methods".


�PAGE \# "'Page: '#'�'"  �� Enter a single release code from the list below.


�PAGE \# "'Page: '#'�'"  �� Enter text which explains why the change is necessary.


�PAGE \# "'Page: '#'�'"  �� Enter text which describes the most important components of the change. i.e. How the change is made.


�PAGE \# "'Page: '#'�'"  �� Enter here the consequences if this CR were to be rejected. It is mandatory necessary to complete this section only if the CR is of category "F" (i.e. correction), though it may well be useful for other categories.


�PAGE \# "'Page: '#'�'"  �� Enter the number of each clause which contains changes.


�PAGE \# "'Page: '#'�'"  �� Tick "yes" box if any other specifications are affected by this change.  Else tick "no".  You MUST fill in one or the other.


�PAGE \# "'Page: '#'�'"  �� List here the specifications which are affected or the CRs which are linked.


�PAGE \# "'Page: '#'�'"  �� Enter any other information which may be needed by the group being requested to approve the CR. This could include special conditions for it's approval which are not listed anywhere else above.





_1222338076.ppt






VCC Application

3. INVITE (SIP Or Tel URI) 

S

-

CSCF

     DTF

DSF 

10. INVITE (SIP Or Tel URI)

 2. Service Control Logic 

 1. INVITE (SIP Or Tel URI) 

Other ASs 

8. INVITE (SIP Or Tel URI) 

6. INVITE (SIP Or Tel URI) 

 4. Domain Selection 

 5. Determine CS Routing Number

 7. Service Control Logic 

 11. Service Control Logic 

 9. Service Handling 

 13. Session Anchoring 

 14. Obtain CS Routing Number 

15. INVITE (CSRN)

12. INVITE (SIP Or Tel URI)



 16. INVITE (CSRN) 








_1222338055.ppt






VCC Application

3. INVITE (SIP Or Tel URI) 

S

-

CSCF

     DTF

DSF 

9. INVITE (SIP Or Tel URI)

 2. Service Control Logic 

 1. INVITE (SIP Or Tel URI) 

Other ASs 

7. INVITE (SIP Or Tel URI) 

5. INVITE (SIP Or Tel URI) 

 4. Domain Selection 

 6. Service Control Logic 

 10. Service Control Logic 

 8. Service Handling 

 12. Session Anchoring 

13. INVITE (SIP Or Tel URI)

11. INVITE (SIP Or Tel URI)



 14. INVITE (SIP Or Tel URI)








