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1.
Introduction

This paper proposes text to replace the CS Origination section (6.3.4.2) of TR 23.806.
This paper presents two new options for enablement of static anchoring of CS originations in IMS with detailed call walkthroughs of associated procedures. It also adds more detail to the CS Origination call walkthrough in the TR to add specifics of the CAMEL origination triggers. 
6.3.4.2 GSM/UMTS CS origination
6.3.4.2.1 Static Anchoring: Originating call anchoring at DTF for users roaming in CS Domain

6.3.4.2.1.1
General

Special techniques are established at the UE and the Visited MSC in areas with overlapping coverage and with borders between the two domains so that CS originations for CS-IMS users are routed via DTF in user’s home IMS network. The CS originating calls are routed to DTF for enablement of a Routing B2BUA 3pcc function to control the bearer path of the call. The original called number along with other information required to complete the call is passed to DTF so that it can originate a call to the remote party on behalf of the user. 

This routing function can be realized by using one of the following techniques to steer the calls made by CS-IMS Voice Continuity service subscribers via the user’s home IMS network. 

1. Use origination triggers at the VMSC for enablement of the gsmSCF function of DRF to direct the VMSC to route the call to DTF using a DTF PSI and invoke a CS origination static anchoring service at DTF. The DRF uses a DTF assigned to the user if one has already been assigned; otherwise, it assigns a DTF to the user based on the current subscriber location information available at the gsmSCF and communicates the DTF PSI to the UE via USSD or any other means available in the Visited network.
2. Use DTF PSI in the UE to route the call to DTF and use USSD operations in an application mode to invoke a CS origination static anchoring service at DTF. Please refer to TS 23.278 and 22.090 for details on invocation of CAMEL services via USSD. If CAMEL is not available in the network, a USSD Gateway may be used for enablement of the CS origination static anchoring service at DTF.

The DTF PSI is dynamically assigned to the UE upon each IMS Registration to allow for a scalable solution that uses geographical considerations for assignment of DTF for the user. If the user is not registered in IMS at the time of CS origination, it uses the DTF PSI stored in the UE, which could be the PSI communicated during a previous IMS registration or a previous CS call or a default DTF PSI configured in the UE at subscription time.
3. Use SIP Notify method to invoke CS origination static anchoring service at DTF.

4. Use static routing techniques in the visited network to steer the call to user’s DTF in IMS.

Selection of an appropriate technique for a particular call is driven by the visited network support of the respective enablers and user location. For example, the enablers for some of these techniques may not be available in a visited network in which case the one of the other techniques may be applied.

6.3.4.2.1.2 CS Origination static anchoring via origination triggers at VMSC; call walk-through

Figure 1 describes how signalling and bearer paths are established for originations from CS-IMS users at Visited MSCs in the areas of overlapping coverage or border between the CS and PS domains.
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Figure 1: CS Origination Anchoring via Origination Triggers walk-through
1. The user originates a call after registering with the VMSC. 

2. Origination triggers at the VMSC result in invocation of CS origination static anchoring service at the DRF via a CAMEL Initial DP message toward the gsmSCF function of DRF.

3. The DRF creates an IMRN (IP Multimedia Routing Number) by appending Call Reference digits to the DTF PSI and passes it to VMSC via the gsmSCF function in CAMEL Connect message for routing of the CS origination to DTF function in IMS. DRF also updates the DTF with the respective Call Reference, the called party number, the called party sub address and any other information required by DTF to complete the call toward the called party on behalf of the user.
4. The VMSC routes the call toward the MGCF in user’s home IMS network using the IMRN.
5. The MGCF initiates an INVITE by setting the Request-URI to Tel URI format using the IMRN received in called party number in incoming IAM and sends it to the I-CSCF. 

6. I-CSCF performs location query to the HSS to retrieve application server name associated with the IMRN. The Application Server hosting the DTF is configured in the HSS against a range of PSIs wild carded to the DTF PSI. 
7. DTF terminates the incoming leg addressed to DTF PSI and invokes a Routing B2BUA function to originate a session to the original called party destination on behalf of the user. DTF retrieves the S-CSCF address from the HSS over the Sh interface to route the originating session to the original called destination. 
Note: HSS returns the address of the S-CSCF assigned to the user upon IMS registration if the user is currently registered in IMS or the S-CSCF capabilities required for S-CSCF selection at DTF if the user is not registered in IMS as described in (AS-O) Origination at Application Server procedure described in 3GPP TS 23.228; the latter requires Sh interface enhancements as the current Sh interface (29.238 V 6.5.0) only returns the S-CSCF name for registered users. 

An ENUM dip for original called party number to SIP URI translations is required at the S-CSCF for routing to the original called destination. An IMS termination is assumed for this call walk-through. The BGCF and MGCF functions are involved in setting up of the terminating leg when terminating to the PSTN or CS Domain. DTF maintains session states for the originating and terminating legs of the call via a third party call control (3pcc) function in order to control bearer upon Handover requests from the UE.

6.3.4.2.1.3 CS Origination static anchoring via USSD; call walk-through

Figure 2 describes how signalling and bearer paths are established for originations from CS-IMS users at Visited MSCs in the areas of overlapping coverage or border between the CS and PS domains. The solution assumes CS anchoring decision criteria logic at the UE and uses a USSD operation in application mode to invoke a CS Origination static anchoring service at DTF.
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Figure 2: CS Origination Anchored via USSD walk-through
1. The user originates a call to a DN associated with DTF PSI communicating the call reference of the call being established. The call reference uniquely identifies the user’s session at the UE and at DTF. The configuration of call reference in the UE and DTF is modelled on configuration and management of DTAP CC Transaction ID in the UE and the network respectively. The call reference can be communicated in called party address as digits appended to the DTF PSI or in called party sub address.
2. Upon receipt of Call Proceeding from the MSC, the UE initiates a USSD operation in an application mode, requesting a CS origination static anchoring service at the DTF. The called party number, the called party sub address and any other information required to complete the call toward the called party is sent in the USSD message.

3. The Visited MSC forwards the USSD message to the subscriber’s HLR which forwards it to the gsmSCF function in the DRF which updates DTF with the information received in the USSD message. 

4. Upon establishment of radio resources for the originating leg, the VMSC completes the call leg towards DTF via the MGCF in subscriber’s IMS network. 

Note that radio resource allocation for the originating leg in step 4 takes place in parallel to the exchange of USSD message between the UE and DRF in step 2 and 3.

5. The MGCF initiates an INVITE by setting the Request-URI to Tel URI format using the DTF PSI received in called party number in incoming IAM and sends it to the I-CSCF. 

6. I-CSCF forwards the INVITE directly to an AS hosting the DTF-PSI according to the standard procedure of “PSIs on the terminating side” described in TS 23.228. 
Note1: DTF can be configured on multiple application servers such that one application server serves multiple CS-IMS users but a particular user is served by only one application server at all times. This configuration enables a scalable solution that dynamically adjusts itself with the scope of the service subscription. The HSS maintains the DTF instance identity associated with a particular CS-IMS user as part of the user’s service subscription profile. The DTF PSI is provisioned in the UE to enable DTF invocation as discussed in subsequent sections. If more than one DTF AS is used for the purpose of load sharing, multiple PSIs may be required to address individual Application Servers. Configuration of Initial Filter Criteria in the HSS and the DTF PSI in the UE ensures that all sessions from a particular user are handled in the same AS.

Note2: TS 23.228 provides two ways to route towards the AS hosting a PSI; one is directly from I-CSCF to AS based on a HSS query; the other is via an S-CSCF assigned for the “PSI user”. The former is used to route the incoming session directly to the DTF AS.
7. DTF terminates the incoming leg addressed to DTF PSI and invokes a Routing B2BUA function to originate a session to the original called party destination on behalf of the user. DTF retrieves the S-CSCF address from the HSS over the Sh interface to route the originating session to the original called destination. 
An ENUM dip for original called party number to SIP URI translations is required at the S-CSCF for routing to the original called destination. An IMS termination is assumed for this call walk-through. The BGCF and MGCF functions are involved in setting up of the terminating leg when terminating to the PSTN or CS Domain. DTF maintains session states for the originating and terminating legs of the call via a third party call control (3pcc) function in order to control bearer upon Handover requests from the UE.

6.3.4.2.1.4 CS Origination static anchoring via SIP Notify; call walk-through

Figure 3 describes how signalling and bearer paths are established for originations from CS-IMS users at Visited MSCs in the areas of overlapping coverage or border between the CS and PS domains. The solution assumes CS anchoring decision criteria logic at the UE and uses a SIP Notify to invoke a CS Origination static anchoring service at DTF.
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Figure 3: CS Origination Anchored via SIP Notify walk-through

1. The user originates a call to a DN associated with DTF PSI communicating the call reference of the call being established. The call reference uniquely identifies the user’s session at the UE and at DTF. The configuration of call reference in the UE and DTF is modelled on configuration and management of DTAP CC Transaction ID in the UE and the network respectively. The call reference can be communicated in called party address as digits appended to the DTF PSI or in called party sub address.
2. Upon receipt of Call Proceeding from the MSC, the UE initiates a SIP Notify toward DTF, requesting a CS origination static anchoring service at the DTF. The called party number, the called party sub address and any other information required to complete the call toward the called party is sent in the Notify message. 

3. Upon establishment of radio resources for the originating leg, the VMSC completes the call leg towards DTF via the MGCF in subscriber’s IMS network. 

Note that radio resource allocation for the originating leg in step 3 takes place in parallel to the exchange of SIP Notify message between the UE and DTF in step 2.

4. The MGCF initiates an INVITE by setting the Request-URI to Tel URI format using the DTF PSI received in called party number in incoming IAM and sends it to the I-CSCF. 

5. I-CSCF forwards the INVITE directly to an AS hosting the DTF-PSI according to the standard procedure of “PSIs on the terminating side” described in TS 23.228. 

6. DTF terminates the incoming leg addressed to DTF PSI and invokes a Routing B2BUA function to originate a session to the original called party destination on behalf of the user. DTF retrieves the S-CSCF address from the HSS over the Sh interface to route the originating session to the original called destination. 
An ENUM dip for original called party number to SIP URI translations is required at the S-CSCF for routing to the original called destination. An IMS termination is assumed for this call walk-through. The BGCF and MGCF functions are involved in setting up of the terminating leg when terminating to the PSTN or CS Domain. DTF maintains session states for the originating and terminating legs of the call via a third party call control (3pcc) function in order to control bearer upon Handover requests from the UE.
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