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1. Introduction

This contribution proposes text to be added to 23.228 sections 4.3.3 and 5.6.1 on the topic of the routing of an incoming call. 

The proposition defended in this contribution is that: 

· In case the called user is not subscribed to any special service related to routing of incoming calls (e.g. call forwarding unconditional) the decision to route an incoming call to the PS or CS domain should be taken by the HSS.

· In case the called user is subscribed to a service related to routing of incoming calls (e.g. call forwarding unconditional) the decision on how to reach the called user (PS UMTS domain, CS UMTS domain, fixed phone,…) should be taken by the corresponding service platform (and not by the HSS) because

“the selection criteria are service specific (e.g. user can have quite complex routing preferences depending on time of day, who is calling,…), and imply knowledge (current attachment / engagement of the user in a call (in CS domain, IPMM domain, fixed world,…)) that only the service platform (and not the HSS) has got.”

The I-CSCF is the element that queries the HSS upon first arrival of an incoming call into the home network of the called for information on how to proceed with the incoming call. This contribution proposes that: 

· In case the called user is not subscribed to any special service related to routing of incoming calls, the I-CSCF will directly get from the HSS the information necessary to route the call towards the PS or CS domain. 

· In case the called user is subscribed to a service related to routing of incoming calls, the I-CSCF gets from the HSS the name of the S-CSCF serving the called user. The I-CSCF routes the incoming call to the S-CSCF that was assigned to the user at registration time. This contribution further proposes that it is the S-CSCF who then contacts the service platform (using the service triggers + address that were downloaded to the S-CSCF at registration time from the HSS) for instructions on how to route the incoming call. 

2. Discussion

As explained in section 1, when the called user is subscribed to a service related to routing of incoming calls, the decision on how to reach the called user has to be taken by the service platform instead of the HSS alone. In Section 2, for several different call scenarios, this general case is treated first. Then it is described how each scenario can be simplified in case no interaction with the service platform for delivering the call is needed (i.e. when the called user is not subscribed to any special service related to routing of incoming calls). 

2.1
Incoming call received by the CS domain (GMSC server)

GSTN represents any CS network such as PSTN, ISDN or CS domain of GSM/R99/R00. This section supposes that the HPLMN of the called party has a CS domain i.e. handles calls received from GSTN (PSTN, ISDN, GSM/R99/R00 CS networks) in a GMSC server. 
Figure 1 explains the first (common) part of the possible call scenarios (2.1.1 and 2.1.2) when the incoming call arrives on the CS domain.

1. An IAM message is received by a GMSC server of H-PLMN of the called party

2. The GMSC server requires (MAP SRI) from the HSS to Send Routing Information (giving the Called MSISDN as parameter). In case the called user is not subscribed to a service related to routing of incoming calls, step 2 is followed immediately by step 8 in section 2.1.1. In case the called user is subscribed to a service related to routing of incoming calls, steps 3,4,5,6 follow.

3. The HSS answers to MAP SRI with instructions to reach the service platform (trigger + address).

4. The GMSC server requires through “CAP/OSA request for instructions” instructions from the service platform (whose @ has been retrieved from HSS at step 3).

5. The service platform determines how to further route the call: it takes into account the user’s service preferences for incoming calls (such as Unconditional CF) as well as the choice of the domain on which to route the call (taking into account e.g. current engagement of the user in other calls, current attachment of the user on CS or fixed domain / IPMM subsystem)

6. The service platform answers to the “ CAP/OSA request for instruction” from the GMSC server to proceed with a RN (Routing Number). This routing number can take two different formats (as explained in the following subsections 2.1.1 and 2.1.2) indicating whether the call needs to be directed towards the CS or IPMM domain.
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Figure 1: Incoming call received from the CS domain by the GMSC server

2.1.1
Case where the call is further sent to CS domain (Figure 2)

The following text and figure (Figure 2) explain the case when the call is sent to the CS domain.

6.
In case the call is to be further sent to the CS domain, the RN in step 6 equals the original called MSISDN.

7. The GMSC server requires (MAP SRI) from the HSS to Send Routing Information giving as parameter

· The Called MSISDN 

· A flag telling that service interaction has already be carried out.

· A call reference to be used on Route optimisation at “late CF”.

8. HSS gets a roaming number (MSRN) from VMSC server (PRN)

9. HSS answers to MAP SRI with the MSRN

10. GMSC server routes the call (IAM) towards VMSC server using MSRN
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Figure 2: Incoming call from GSTN received by GMSC server                                                                  (case: call routed to CS domain – VMSC server)

2.1.2
Case where the call is further sent to IPMM subsystem (Figure 3)

The following text and figure (Figure 3) explain the case where the call is sent to the IPMM subsystem.

6. In case the call is to be further sent to the CS domain, a prefix is used in step 6 (RN = PF + MSISDN) to direct the call routing towards a MGCF. 

7. The GMSC server forwards the IAM towards the MGCF (from GMSC server point of view, this is strictly equivalent to a CF determined by the service platform).

8. MGCF transforms the received IAM into a SIP INVITE sent to the I-CSCF (the RN being the user part of the target SIP URL).

9. I-CSCF requires from HSS the location of the mobile (S-CSCF name).

10. HSS returns the S-CSCF name.

11. I-CSCF proxies the call to the S-CSCF. The S-CSCF will know that no service interaction is needed as the RN shows that such interaction has already been carried out.
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Figure 3: Incoming call from GSTN received by GMSC server                                                                  (case: call routed to IPMM - S-CSCF)

2.2
Incoming call received by the IPMM subsystem

Figure 4 explains the first (common) part of the possible call scenarios (2.2.1 and 2.2.2) when the incoming call arrives directly on the CS domain. This incoming call may come from an IP multimedia network (received directly by the I-CSCF) or may correspond to a GSTN IAM message received by a MGCF of the HPLMN and transformed by the MGCF into a SIP INVITE sent to the I-CSCF.

1. In this case the incoming call is coming from a GSTN network and transformed into a multimedia call by a MGCF (e.g. if the HPLMN decides to give precedence to IP multimedia calls with regard to CS domain calls or if the HPLMN does not support a CS domain). The MGCF transforms an IAM received from GSTN into a SIP INVITE sent to I-CSCF.

2. In this case the incoming call is coming from an IP multimedia network (fixed or mobile) and arrives directly at the I-CSCF.

3. The I-CSCF requests the HSS for the name of the S-CSCF serving the called user. It is assumed that calls are only deliverable via SIP to users that have SIP registered (i.e. S-CSCF name exists). 

4. The HSS replies with the S-CSCF name serving the called user. In case there is no S-CSCF entry in HSS (called user is not SIP registered), but the called user has a CS subscription, the operator could still try to deliver the call via the CS domain. In this case the HSS could return to the I-CSCF the following: RN@domain (where RN = prefix + MSISDN). Using the prefix the I-CSCF can then send the INVITE to the MGCF (using the principles explained in 2.2.2), which can translate the SIP INVITE into an IAM and send this onto a GMSC server. This GMSC server can then reach the user via the CS domain the same way as explained in 2.2.2.

5. The I-CSCF forwards the SIP INVITE to the S-CSCF (whose name has been retrieved in step 3). In case the called user has not subscribed to any special service related to routing of incoming calls, step 5 is the last step in this scenario (the S-CSCF simply delivers to the called user on his SIP terminal). In case the user has subscribed to a special service related to routing of incoming calls, the called user’s service profile data (which the S-CSCF obtained from the HSS at registration time) will contain the triggers and address to contact the service platform (and thus steps 6,7, and 8 follow).

6. The S-CSCF requires the service platform to determine how to further route the call giving as input parameters e.g. “from URL”, “ to URL”, SDP,…

7. The service platform determines how to further route the call: it takes into account the user’s service preferences for incoming calls (such as Unconditional CF) as well as the choice of the domain on which to route the call (taking into account e.g. current engagement of the user in other calls, current attachment of the user on CS or fixed domain / IPMM subsystem,…) 

8. The service platform answers to the “ CAP/OSA request for instruction” from the S-CSCF to proceed with a RN (Routing Number).
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Figure 4: Incoming call received by IPMM subsystem
2.2.1
Case where the call is further sent to IPMM subsystem

This paragraph explains the case where the call is sent to the IPMM subsystem.

8.
In case the call is to be further sent to the IPMM domain, the RN in step 8 equals a SIP URL = called-alias@domain. The S-CSCF delivers the call to this SIP URL using standard SIP mechanisms.
2.2.2
Case where the call is further sent to CS domain (Figure 5)

The following text and figure (figure 5) explain the case where the call is sent to the IPMM subsystem.

8.
In case the call is to be further sent to the CS domain, a Routing Number (RN = prefix + MSISDN) is used of the format RN@domain. This may concern only one component (i.e. audio only) of an incoming multimedia call.

9. The S-CSCF sends/redirects the SIP INVITE to the I-CSCF using RN@domain.

10. The I-CSCF sends the SIP INVITE (RN@domain) towards the MGCF (keeping only the SDP audio component).

11. The MGCF translates the SIP call into a CS domain IAM call towards the GMSC server
12. The GMSC server (the RN indicates that service interaction has already been carried out), requires (MAP SRI) from HSS to Send Routing Information towards giving as parameter

· The Called MSISDN 

· A flag telling that service interaction has already be carried out.

· A call reference to be used on Route optimisation at “late CF”.

13. HSS gets a roaming number (MSRN) from VMSC server (PRN) 

14. HSS answers to MAP SRI with the MSRN

15. GMSC server routes the call (IAM) towards VMSC server using MSRN
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Figure 5: Incoming call from IPMM                                                                                                                (Case where the call is further sent to CS domain)

3. Conclusion / Proposal

It is proposed to take the flows charts of this contribution as a basis for the work on call flows for terminating part of the call.

It is proposed to add the following text in the new sections 4.3.3 and 5.6.1 of 23.228.

In chapter 4.3.3 “Identification of users”.

The architecture supports the possibility of identifying the end user of a MT call with a single MSISDN, independently of the call control protocol  (e.g. SIP, ISUP) and the bearer type (e.g. voice, fax,…).

In chapter 5.6.1 “ Procedures related to routing information interrogation” 

Decision element for routing an incoming call

· In case the called user is not subscribed to any special service related to routing of incoming calls (e.g. call forwarding unconditional) the decision to route an incoming call to the PS or CS domain should be taken by the HSS.

· In case the called user is subscribed to a service related to routing of incoming calls (e.g. call forwarding unconditional) the decision on how to reach the called user (PS UMTS domain, CS UMTS domain, fixed phone,…) should be taken by the corresponding service platform (and not by the HSS) taking into account the following criteria:
· Subscription (user preferences)
· and/or call type
· and/or roaming agreements
· and/or location information
· and/or conditions such as status of attachment and engagement in other calls

· …

Scenarios for routing of incoming calls

· When a mobile terminated call set up arrives at a I-CSCF that is authorised to route calls, the I-CSCF contacts the HSS to obtain the name of the S-CSCF serving the called user. The I-CSCF routes the incoming call to the S-CSCF. If the user has subscribed to (a) special service(s) related to routing of incoming calls, the S-CSCF will use the service triggers/address (which were downloaded from the HSS to the S-CSCF at registration time) to request the corresponding service platform for instructions on how to further route the call. The service platform can instruct the S-CSCF to route the call either to the IPMMM domain (by returning a specific SIP URL) or (via the I-CSCF) to a MGCF (in case the call has to be routed to the CS domain).

· When a mobile terminated call set up arrives at a GMSC server that is authorised to route calls, the GMSC server contacts the HSS to obtain information on how to further route the call. In case the user has no special service preferences related to routing of incoming calls, the HSS simply returns to the GMSC server the address of the VMSC server serving the called user. In case the user has subscribed to a special service related to routing of incoming calls, the HSS to the GSMC server the address + triggers to contact the corresponding service platform. The GMSC server then contacts the service platform for routing information. The service platform can instruct the GMSC server to route the call either to the CS domain (by returning the address of a VMSC server) or to a MGCF (in case the call has to be routed to the IPMM domain).
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