SA WG2 Temporary Document

Page 1
-


3GPP TSG SA WG2 Architecture — S2#48
S2-052052
5 – 9 September, 2005

Sophia Antipolis, France

Source:
Telcordia, Motorola, LG Electronics, Bridgeport Networks
Title:
Identification of IMS network for handover
Document for:
Approval
Agenda Item:
8.4 Voice Call Continuity

Work Item / Release:
R7
Introduction

A 6 bit Base Station Identity Code (BSIC), as defined in 3GPP TS23.003, is allocated to each cell. In each cell the BSIC is broadcast in each burst sent on the SCH, and is then known by all UEs which synchronise with this cell. Along with absolute radio frequency channel number (ARFCN), BSIC allows a BSC to translate the (ARFCN, BSIC) tuple into a Global Cell Identifier (GCI) and uniquely identify the MSC serving the cell. It is proposed that similar techniques be used to identify I-WLAN hotspot and the associated CCCF point code for use in VCC procedures.
The suggested changes are shown in the detailed proposal section.  The original text is based on 23.806-1.4.0.

Discussion

3GPP TS 05.05 lists the ARFCN for different bands and the corresponding channel assignments for GSM.  Similarly, 3GPP TS 25.104 lists the UARFCN for different bands and the corresponding channel assignments for UMTS. In this contribution, we refer to GSM ARFCN although the solution is valid for UMTS as well.  ARFCN values range from 0 to1023. A pseudo (ARFCN, BSIC) tuple is proposed to be assigned to identify an I-WLAN hotspot served by a CCCF. The ARFCN assigned to this hotspot shall be the one that is not used by the GSM/UMTS operator(s) in that location area(s). Similarly a pseudo BSIC code not used by any operators in that location area(s) is assigned to this I-WLAN hotspot. When an I-WLAN hotspot with roaming arrangements is available as a neighbour to a GSM/UMTS cell, the GSM/UMTS cell will be configured to transmit the ARFCN assigned to this I-WLAN hotspot as one of the neighbour lists. The UE will include the pseudo (ARFCN, BSIC) tuple to the BSC in the radio link measurement report. The MSC serving this GSM/UMTS cell shall map the (ARFCN, BSIC) tuple belonging to this I-WLAN hotspot to the MSCID of the CCCF.  

When the IMS-UE registers with the IMS provider, the CCCF and the IMS-UE exchange the mobility event package that includes the following information: 

1. transmission of current serving cell information from the UE to the CCCF

2. the assigned (ARFCN, BSIC) tuple representing the hotspot belonging to the CCCF  from the CCCF to the UE.

When the UE is in a CS call, it periodically monitors neighbour lists and reports radio link measurements. This includes the (ARFCN, BSIC) tuple. When one of neighbours identified by the serving CS cell belongs to that of an I-WLAN hotspot, the IMS-UE provides the pseudo radio link measurements for the I-WLAN to the CS-UE for reporting to the BSC. Based on the ordered list of signal strength from the neighbouring CS-cells and the I-WLAN hotspot, the BSC can decide if a handover is required. If a handover to I-WLAN is required, the BSC sends a HANDOVER REQUIRED message to the MSC and the MSC can uniquely identify the CCCF from the (ARFCN, BSIC) tuple.

Note that we have split up the editorial note addressed by this contribution in three parts:

· describe the nature of system configuration necessary to enable VCC operations.  

This is a question that cannot be answered in the context of this TR or in the scope of 3GPP in general.  System configuration is very dependent on actual deployments. 

· Further study should consider: 1) the coordination of (ARFCN, BSIC) identifiers across a potentially considerable number of operators that have VCC-compatible roaming agreements, and 

This is addressed in the detailed proposal section that follows below.

· 2) the size of the “fake” neighbouring cell list broadcasted as system information in the 2G/3G cells.

The criteria for inclusion of a neighbouring cell in the list are outlined in the detailed proposal section that follows below.  
Detailed Proposal

6.4.6.1
CS to IMS call continuity

This Use Case illustrates the architecture used for handing off an active voice call from a GSM/UMTS system to a VoIP call on a WLAN/IMS system.

Figure 6.4.6.1-1 shows the bearer path for a UE in a CS domain call with a PSTN user; both before and after VCC procedures move the call to the IMS domain. The original call is from the UE to the MSC to the PSTN. After the UE moves to the IMS domain, the call leg from the MSC to the PSTN user remains, but the call leg from the MSC to the UE is now from the MSC to an IMS-MGW to the UE. Figure 6.4.6.1-2 shows the case where the UE is in a CS domain call to a UE in the IMS domain. After the UE moves to the IMS domain, the only change is to change the call leg from the MSC to the UE. In both cases, the MSC anchors the call.
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Figure 6.4.6.1-1 Bearer Path: CS domain UE call to a PSTN user
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Figure 6.4.6.1-2 Bearer Path: CS domain call to an IMS UE
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NOTE: the P-CSCF is not shown in the diagram or the flows.

Figure 6.4.6.1-3 CS Domain UE to PSTN user call continuity to IMS domain

The procedure for VCC  from CS to IMS, as shown in Figure 6.4.6.1-3, is as follows:

The UE is a dual mode handset that is active in a CS domain voice call to a PSTN user, who could be a landline phone or CS domain user. (A similar flow applies when the PSTN is replaced by a CS domain user served by the same MSC as the UE.)

1.
The UE detects an IMS network that is capable of supporting voice calls and registers with IMS. In the process, the UE and the CCCF complete a subscribe notify sequence for mobility events.  

2.
When the UE determines that it is time to request call continuity, it sends a Measurement Report that contains channel information (e.g., an ARFCN and BSIC) configured to trigger call continuity to the CCCF.  The BSS translates this to a GCI and the MSC translates this to the CCCF MSC ID.

3.
The MSC sends a Prepare Handover Request to the CCCF.

4.
The CCCF creates handover number and includes it along with a reference number in the Prepare Handover Response.

5.
The MSC sends an IAM to the handover number contained in the Prepare Handover Response.  The handover number routes to the MGCF.  The network elements in the signalling path between the MSC and MGCF are not shown for simplicity of the flow.

6-7.
The MGCF translates the handover number to a SIP URI and communicates with the MGW to create the SDP information for the connection to the circuit specified in the IAM.  The SDP and SIP URI are put into an INVITE which routes to the CCCF.  (This may be direct or it may go through an S-CSCF.)

8-9.
The CCCF responds with a Session Progress message.

10.
The MGCF sends an ACM message back to the MSC.   This may occur when it receives one of the intermediate steps that was omitted in the flow.

11.
The MSC sends a Handover Command towards the UE containing the reference number from the Prepare Handover Response.

12-13. 
At the same time as the CCCF sent the Session Progress message, it forwards the INVITE towards the UE via the S-CSCF. 

Note: It is expected that the handover number will be sufficient for the CCCF to identify the UE.  If not, then the UE could send a NOTIFY to the CCCF after step 9 which contains the reference number in the Handover Command.

14.
At this point, the CCCF and the MSC can do any needed GSM security procedures if required.

15-16.
The UE accepts the call and sends a 200 OK response.  There are generally additional steps between the INVITE and the 200 OK, but they are not shown for simplicity of the flow.

17-18.
The CCCF sends the 200 OK to the MGCF.  The MGCF uses this information to complete the connection to the MGW by providing the SDP contained in the 200 OK.

19.
The CCCF also sends a SendEndSignal message to the MSC.

20. The MSC responds with an ANM message and the path is now completed from the MSC to the MGW to UE and the VCC procedure to IMS for UE is completed.
The same procedures are used if the UE is in a complex call involving multiple parties.  As in normal GSM handover, these procedures also apply to UEs with supplementary services, such as call waiting, active at the time of call continuity.

There is no difference if the terminating PSTN Telephone in the previous example is replaced by an IMS UE.  The VCC procedures are the same.  Call control remains in the CS domain and only the call leg handing off to IMS is affected.
Note that a pseudo (ARFCN, BSIC) tuple is proposed to be assigned to identify an IMS network served by a CCCF. The ARFCN assigned to an IMS network must not be one that is used by GSM/UMTS operator(s) in the location area(s). The BSIC code assigned to this IMS network must not be used by any operator in the location area(s). When an IMS network with roaming arrangements is available as a neighbour to a GSM/UMTS cell, the GSM/UMTS cell will be configured to transmit the ARFCN assigned to this IMS network as one of the neighbour lists. This needs to be configured in the BSC and the CCCF.
Editor Note: How does the visited network know the CCCF point code?

Editor Note: Call forwarding unconditional is activated, can cause INVITE step 12 and 13 not be delivered

Editor Note: Distinguish VCC procedure invite vs. origination invite
Editor Note: How would this be supported in 3G only environments

Figure 6.4.6.1-4 shows the case where the UE is in a CS domain multi-party call to a CS domain UE2 and a party in the PSTN. This could be a case of call waiting or the parties could be in a 3-way call  managed by the MSC.  After the UE moves to the IMS domain, the only change is to change the call leg from the MSC to the UE. The MSC continues to anchor the calls.
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Figure 6.4.6.1-4 CS to IMS voice call continuity procedure for multi-party CS domain call

The procedure for CS to IMS voice call continuity for a multi-party CS domain call, as shown in Figure x-1, is as follows:

The UE is a dual mode handset that is active in a multi-party CS domain voice call to a CS domain UE2 and a PSTN user.

1-20.
 The voice call continuity procedure is the same as present above and shown in Figure 6.4.6.1-3, CS Domain UE to PSTN user call continuity to IMS domain .
Suggested Disposition

We kindly ask the group to agree that the text in the detailed proposal section above is included in the next incarnation of 23.806.
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