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1. Introduction

In the SA meeting #27, the work item “Voice call continuity between CS and IMS (incl. I-WLAN)” was approved. This paper describes the GSM/UMTS to IMS handover scenario, when using the architecture including a Mobility Management Application Server.

2. Proposal


To be added to Section 6 of TR 23.8bc.
6.3.1 Handover from GSM/UMTS to IMS

6.3.1.1 Bearer Path: Established call with a PSTN subscriber

Before handover: 



After handover:
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6.3.1.2 Bearer Path: Established call with GSM or UMTS subscriber

Before handover: 



After handover:
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6.3.1.3 Message Flow: From GSM/UMTS to IMS

In this scenario, the dual mode UE has an active call to a PSTN subscriber. Periodically, the UE scans the WLAN signal and when it detects WLAN with sufficient signal strength, it may attempt to attach WLAN.

1. After the UE has performed WLAN access and service authentication, it performs IMS registration. The REGISTER request may contain already an indication to prepare handover. Alternatively, a subsequent SIP message exchange could indicate the handover.

2. The MM-AS is notified about the IMS registration and is informed about the used IP-CAN-CGI. This CGI enables later the MSC to route MAP HO requests and ISUP IAM to the MM-AS.

3. The UE may force handover for the GSM/UMTS call with RRC Measurement Reports indicating the IP-CAN-CGI with the highest signal level. This should trigger the BSC/RNC to request handover to the IP-CAN-CGI by sending an HO Request message to the MSC.

4. The MSC sends a MAP Prepare Handover Request message to the MM-AS by using the IP-CAN-CGI.

5. The MM-AS returns a MAP Prepare Handover Response containing an E.164 Handover number.

6. The serving MSC establishes an ISUP call to the handover number generated in the previous step. The call is terminated in the MGCF, which routes the SIP INVITE to the I-CSCF based on the SIP URI or Tel URI.

7. Call setup continues similar to the Mobile Terminating Call procedure.

8. After the call is successfully established, the MM-AS sends the MAP: SEND_END_SIGNAL procedure to the MSC that causes the GSM/UMTS resources to be released. Now the call has been handed over to IMS (WLAN).

9. After call is terminated, the UE performs an IMS registration. This would cause the MM-AS to update the location data in the HLR.         
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Figure 1: Handover from GSM/UMTS to IMS

3. Conclusion

The concept using a Mobility Management Application Server acting as a MSC/VLR is one alternative architectural solution to support CS to IMS service continuity. We propose to add this solution to section 6 of the TR 23.8bc. The handover scenario from GSM/UMTS to IMS should be added into section 6.3.1.
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MM-AS must handle MAP: FORWARD_ACCESS_SIGNALING requests from MSC





SIP registration call flows are not shown in detail.
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Terminal sends IMS re-Registration after call is complete. This is required to complete MAP: UPDATE_LOCATION procedure from the MM-AS








Terminal detects WLAN and performs WLAN authentication and registration





3-way connect
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MM-AS allocates Handover Number (HON) and updates VLR DB
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SIP: 200 OK
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RRC: Channel Release





Initial condition: A dual mode terminal is roaming in GSM with a call to a PSTN subscriber
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RRC: Measurement Report





switch to VoIP
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MAP: PREPARE_HANDOVER (IMSI, LAC, CI)
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BSSMAP: CLCMP
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Since Expiration time T is small, MM-AS does not send MAP: UPDATE_LOCATION to HLR
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