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1. Introduction

This contribution proposes text to be added to 23.821 for both requirements and Message Sequence Charts of the routing of an incoming call.

The following functions:

· MNP(Mobile Number Portability), 

· choice of the domain/subsystem on which to route a call 

· and CF services such as currently provided by user service logic (e.g. CAMEL).

correspond in fact to almost the same function: transforming the called number (MSISDN, SIP URL-user part) received from the calling party into the actual destination number of the call. 

Then in a further step, it is needed to take mobility into account to determine at which routing address (MSRN, SIP URL-host part of the S-CSCF) to forward the call to.

As a consequence the mechanism to route an incoming call should take into account all functions (MNP, choice of the domain, services such as CF) and the interactions between these functions.

CF considered by this contribution when they apply to the IPMM subsystem are CF involving the network (i.e. not CF on user being busy, …).

To ease the discussion of this contribution each of the following items can be discussed separately for inclusion in 23.821:

· Requirements for the routing of incoming calls

· Function responsible of the choice where to route an incoming call

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

· Incoming call received by the IPMM subsystem

2. Discussion

2.1 Requirements for the routing of incoming calls

See proposed text for 23.821 in sect. 3 X.Y.1 of this contribution

2.2 Message Sequence Charts for the routing of incoming calls

2.2.1 Function responsible of the choice where to route an incoming call

As the parameters used to route an incoming call are numerous and complex and depend on subscriber preferences/profile that the subscriber shall be able to easily modify, the best location to make this choice is within the service itself.

Furthermore, this algorithm depends on the actual attachment on CS domain / IPMM sub-system. This attachment is not known by the HSS (e.g. the HLR is not warned when the user detaches itself or is detached by the VMSC server) but for the CS domain can easily (using tools already provided by R99) be notified to the service using  CAMEL triggers on attach / detach. Hence best location to make the choice of the domain / subsystem where to route an incoming call is within the service itself.

See proposed text for 23.821 in sect. 3 X.Y.2.1 of this contribution

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

See proposed text for 23.821 in sect. 3 X.Y.3 of this contribution

It has to be noted that the proposed solution requires NO standardisation effort  because the only needed modifications correspond to internal behaviour of the service logic.

2.2.3 Incoming call received by the IPMM subsystem

See proposed text for 23.821 in sect. 3 X.Y.4 of this contribution
2.2.4 Need of a GMSC server function
It might be tempting to route incoming calls 

· handled by the IPMM subsystem (calls received from a GSTN network through a MGCF or calls directly received by the ICGW from an IP multimedia network): the ICGW requires from service / HSS instructions for routing the call

· and to be routed to CS domain i.e. to a VMSC (server): the instruction sent back to the ICGW implies to progress the call towards the VMSC (server) (CS domain).

by having the HSS answering with a MSRN and hence “skipping” the GMSC (server) function.

Case where the call is further sent to CS domain (option without GMSC)

5. Service having detected that the call is to be sent to CS domain requests a roaming number from HLR (SRI) 

6. HLR requests a roaming number (MSRN) from VMSC through MAP (PRN)

7. HLR answers to service with the MSRN.

8. Service answers back to ICGW with the MSRN@MG identity where to route the call

9. ICGW determines the most appropriate MGCF for routing the call (choice depending on MSRN) and forwards the SIP INVITE (MSRN@MG) towards this MGCF.

10. The MGCF translates the SIP call into a CS domain IAM (MSRN) call towards the VMSC (server)
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This is possible but implies to loose the following (non exhaustive) set of functions:

· Optimal Routing at late call forwarding: when late call forwarding applies (call forwarding condition determined in VMSC as e.g. CF on “Detached” or CF on “Not reachable”), the VMSC can request (MAP) from GMSC whether an optimal routing of the diverted call would not imply to restart the diverted leg of the call from GMSC. This relies on call identifiers provided by GMSC (server) when requiring for Routing information (SRI). If as shown above there is no more GMSC server involved in the call the MAP interface and the associated Optimal Routing at late call forwarding can no more apply.

· Generation of an “ Incoming gateway call attempt” CDR under the format described in 32.005: there is no reason for the MGCF to generate a CDR following the format required by 32.005 because the MGCF cannot know that it is routing a call towards a CS domain entity (VMSC(server)).

· Service trigger for pre-paid (call leg from GMSC to VMSC)
· Whether Functions in GMSC associated with the transcoder at the edge of the network can easily be put in a standard MGCF requires further study.
Such a configuration needs further study and should anyhow only be an option in order to authorize the implementation by an operator of  the configuration with a full GMSC function that allows to benefit from all functions performed by the GMSC function
3. Conclusion / Proposal

It is proposed to add the following text in new section X. of 23.821. 

X
Scenarios


GSTN represents any CS network such as PSTN, ISDN or CS domain of GSM/R99/R00.

X.Y
Routing of incoming calls.

CF (Call Forwarding) considered by this section when they apply to the IPMM subsystem are CF involving the network (i.e. not CF on user being busy, …).
X.Y.1
Requirements for the routing of incoming calls.
As, the EDGE and/or WBCDMA radio coverage cannot be assumed to provide full coverage in many networks for years to come, the users of MultiMedia will depend also on CS Domain TeleService Speech coverage. The coverage is enabled by dual radio mode phones which also can access both services: the TeleService Speech within the CS Domain and the (IPMM) MultiMedia service. Where there is single service coverage, the network needs routes the call to the current serving Domain. Where there is dual service coverage, the user can make the choice of which service to use. This is easy for outgoing calls, however, for incoming calls, the network has to determine the right way (CS domain / IPMM) to deliver the call.

1. (if subscription of the called party allows it) it shall be possible for a calling party to be able to call an user with the same identifier whatever the current (CS domain or IPMM subsystem) attachment of the called party is. This means that an user shall be able: 

· to use a “CS only” terminal (or to be currently located in a (part of a) network that provides only CS service) 

· or to use an “IPMM only” terminal (or to be currently located in a (part of a) network that provides only IPMM service) 

· or to use a CS + IPMM capable terminal (connected to a CS + IPMM capable network)

without changing the identifier (MSISDN / SIP URL) used to be called.

2. The choice of the domain/subsystem to which to send the call to should take into account (the following list is not exhaustive, the requirement being defined more precisely in 22.976 sect. 4.9.3):

· Current attachment of the terminals of the user (dynamic data)

· Note: This information is not known by HLR (that is not warned by VLR at detach).

· Note: The fact that an user is attached to IPMM sub-system does not mean that the user is connected through radio access. A fixed terminal can correspond to IPMM attachment.

· User’s preference (e.g. between 8 a.m. – 6 p.m. prefer IPMM subsystem) (semi-permanent data)

· Calling party’s identification (or anonymity)

· Called party’s identification (identifier, e.g. alias, used to reach the called party)

· requested service by the caller (voice only or full MultiMedia,…) (dynamic data)

· Home Operator’s preference (semi-permanent data)

3. The adopted scenario for incoming call routing should take into account interaction between the following “functions”: 

· MNP(Mobile Number Portability), 

· choice of the domain/subsystem on which to route a call 

· CF services such as currently provided by user service logic (e.g. CAMEL). 

· Optimal Routing especially for its late Call Forwarding option allowing when late Call Forwarding applies to re-route the call from the GMSC.

The logical order to handle an incoming call is:

· Take first MNP into account. There is no use in trying to choose the correct domain/subsystem to which to send the call to before being sure that the call has reached the real Home PLMN of the called party

· Determine the correct domain/subsystem to which to send the call to while applying service logic (Call Forwarding, …)

X.Y.2
Architecture for the routing of incoming calls.
X.Y.2.1 Function responsible of the choice where to route an incoming call

The Function responsible of the choice where (CS domain / IPMM subsystem) to route an incoming call is the service itself because 

· the parameters used to route an incoming call are numerous and complex and depend on subscriber preferences that the subscriber shall be able to easily modify, 

· the service (and not the HSS) has accurate information on the current attachment (on a VMSC server, on a S-CSCF) of an user. The service is triggered by the domain (CS) / subsystem (IPMM) on which an user attaches or detaches itself (or is detached by the network).

X.Y.3 Incoming call received by the CS domain (GMSC server).

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). Modifications (For CS domain) with regard to R99 are highlighted by blue italic typo.

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

2. (optional, depending if MNP is implemented in the HPLMN through an “INAP” solution), the GMSC may require through IN “Instruction” on how to route the call i.e. to check if the called party does not correspond to a “ported” number. The following supposes that the number is not ported.

3. The GMSC (server) requires (MAP SRI) from HLR to Send Routing Information (giving the Called MSISDN as parameter). During this process MNP check may also be ensured (this is optional, depending if MNP is implemented in the HPLMN through a “MAP” solution). The following supposes that the number is not ported.

4. The HLR (if required by subscription data
) answers to MAP SRI with instructions to reach the Service (SCP trigger and address).

5. The GMSC (server) requires through “CAP request for instructions” instructions from the service logic whose @ has been got from HLR at step 4.

6. Service logic determines  how to further route the call, i.e. takes into account services for incoming calls such as Unconditional CF as well as the choice of the domain on which to route the call (taking into account all useful parameters for this choice listed in sect.   X.Y.1 as well as current attachment of the subscriber on CS domain / IPMM subsystem)
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Figure 1: Incoming call from GSTN handled by GMSC (server): begin
Case where the call is further sent to CS domain

7. The service answers to the “CAP request for instruction” from GMSC to proceed with the same called MSISDN (no call redirection towards  IPMM subsystem).

8. The GMSC (server) requires (MAP SRI) from HLR 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”.

9. HLR gets a roaming number (MSRN) from VMSC (server) (PRN)

10. HLR answers to MAP SRI with the MSRN

11. GMSC (server) routes the call (IAM) towards VMSC server using MSRN
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Figure 2: Incoming call from GSTN handled by GMSC (server): call routed to CS domain (VMSC)
Case where the call is further sent to IPMM subsystem
7. The service answers to the “CAP request for instruction” from GMSC to proceed with a RN (Routing Number) that directs the call routing towards a MGCF. 

8. 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).

9. MGCF transforms the received IAM into a SIP INVITE sent to the ICGW (the RN being the user part of the target SIP URL).

10. ICGW requires from HSS (UMS) for location of the mobile (S-CSCF @) without any prior interaction with the service as the RN shows that such interaction has already been carried out.

11. HSS answers with S-CSCF @.

12. ICGW proxies the call to the S-CSCF.
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Figure 3: Incoming call from GSTN handled by GMSC (server): call routed to IPMM (S-CSCF)
X.Y.4 Incoming call received by the IPMM subsystem

This section deals with the case where the incoming call is directly handled by the IPMM subsystem. This incoming call may come from an IP multimedia network (may be received directly by the ICGW) 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 ICGW.

1. (case of an incoming call 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 call 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 ICGW.

2. The ICGW receives an incoming call. This incoming may come directly from another SIP proxy (from another IP multimedia fixed or mobile network) or from a GSTN network via the MGCF (see interaction 1)

3. The ICGW requires (OSA or CAP) from service to determine how to route further the call.

4. Service logic determines  how to further route the call, i.e. takes into account MNP as well as services for incoming calls such as Unconditional CF as well as the choice of the domain on which to route the call (taking into account all useful parameters for this choice listed in sect.   X.Y.1 as well as current attachment of the subscriber on CS domain / IPMM subsystem) 
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Figure 4: Incoming call from IPMM: begin
Case where the call is further sent to IPMM subsystem
5. Service retrieves the S-CSCF name of the called party from UMS

6. Service answers back to ICGW with the S-CSCF name retrieved from UMS

7. ICGW redirects/proxies (according to HPLMN policy) the call towards the S-CSCF
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Figure 5: Incoming call from IPMM: Case where the call is further sent to IPMM subsystem

Case where the call is further sent to CS domain (through GMSC)

5. Service having detected that the call is to be sent to CS answers back to ICGW with a Routing Number RN@MG. This may concern only one component (i.e. the audio one) of an incoming multimedia call.

6. ICGW redirects/proxies (according to HPLMN policy) the SIP INVITE (RN@MG) towards the MGCF (keeping only the SDP audio component).

7. The MGCF translates the SIP call into a CS domain IAM (RN) call towards the GMSC (server)
8. The GMSC (server) detecting that the call is a RN requires (MAP SRI) from HLR 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”.

9. HLR gets a roaming number (MSRN) from VMSC (server) (PRN) 

10. HLR answers to MAP SRI with the MSRN

11. GMSC (server) routes the call (IAM) towards VMSC server using MSRN
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Figure 6: Incoming call from IPMM: Case where the call is further sent to CS domain










� These subscription data are set if the subscriber benefits from  customised service, i.e. if service is not rendered by standardised SS or if the subscriber may also benefit from IPMM service
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