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Introduction

SA2 has spent considerable time in Rel-7 to study and specify architectures for interworking of CS voice telephony calls with IMS controlled multimedia-sessions and for continuity of voice telephony services between CS and PS radio accesses. Two very different approaches were taken:
1. CSI
Voice telephony calls over CS radio access are fully controlled by the CS domain. Interworking with parallel IMS multimedia sessions is done in the terminal. Interworking in the network is needed if the other end is doing voice over IMS (see CSI Interworking).
2. VCC
Voice telephony calls over CS radio access are routed (via the CS domain) towards IMS, and anchored in the VCC Application. Call Control (and for Rel-8 also SS control) is centralized in the IMS.

In the following an evolution of the CSI solution is presented, which enables interworking between CS and IMS in relation to the evolved system, including voice telephony services continuity between LTE and 2G/3G radio accesses.
Discussion

General

It is important to give operators the possibility to introduce LTE/SAE access for the mass market of today’s voice customers independent of migrating them to the new IMS centralized voice services. Operators should not be forced to re-implement all CS domain voice telephony services onto IMS centralized control. It is desirable for operators to develop a new set of enhanced voice and value-added services on top of IMS, and move customers to centralized IMS control based on customer needs, independent of LTE/SAE deployment scenarios.
Furthermore it is highly desirable to have a low-complexity solution for voice telephony services’ continuity between LTE and 2G/3G radio accesses and interworking between CS and IMS overall.
The authors of this contribution have worked out the ‘Evolved CSI approach’ in order to fulfil above requirements:

· The basic principle is to keep Call and SS Control for voice telephony in the CS Domain. For a PS only radio access like LTE a new element, the evolved MSC-Server, uses 24.008 signalling via IP transport (tunnelled via LTE/SAE access) for communication with the UE.

· CS-PS voice call continuity is based on the procedures for PS handover between LTE and legacy 3GPP radio accesses and procedures for legacy inter-MSC handover.

· Interworking of voice telephony calls with parallel IMS multimedia sessions is done in the terminal. Interworking in the network is needed if the remote end is doing voice over IMS (see CSI Interworking).

Additional advantages of this proposal for voice telephony services’ continuity between LTE and 2G/3G radio accesses are:

· Very low complexity

· Does not require UE and/or RAT capability to simultaneously signal on two different RATs.

· RAT/domain selection/change is fully under the serving network control.

· In roaming cases, the Visited PLMN controls the RAT/domain selection/change.

· Inter-domain handover in the VPLMN is performed without any signalling to the HPLMN.

· No impact on legacy RAT and CS CN
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Figure 1: Evolved CSI approach
Functions of the evolved MSC:

· The MSC part is functionally equivalent to a Rel-4 MSC server; replace MeGaCo with Rx (AS to PCRF) for network initiated PS bearers

· The VLR part maintains CS subscriber profile as today; other functions (e.g. security / authentication related) are ffs as there are already access security procedures 

· The eMSC acts as an application server including policy control towards the PCRF

· The eMSC has all SS7 interfaces towards existing nodes, e.g.:

· C interface from MSC towards the HLR/HSS

· Send routing info

· D interface from VLR towards the HLR/HSS

· Provide roaming number

· Provide / insert subscriber data

· Restore data

· Authentication

· Trace activation

· Others:  F (EIR), Gs (SGSN), CAMEL, Legal interception (???) ….

Procedures
Handover LTE -> 2G/3G CS
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Step 1 and 2 describe the registration of the UE in the network and are independent from the voice call setup
1) UE registers to the network according to SAE procedures and IP connectivity is established.

2) UE registers itself with the eMSC similar to location update procedure. eMSC obtains user profile from HSS (“insert subscriber data”), and optionally, executes security procedures. UE is now “pseudo-CS” attached, and its IP address is known to the eMSC. It is ffs whether the IP address needs to be registered elsewhere (e.g. dynDNS).

The following steps are related to voice call setup and continuity to 2G/3G CS

3) Voice call setup:

a. MO call setup

i. The signalling procedure occurs according to TS 23.018, and is transported over IP:

1. Ciphering is not required:

a. the signalling connection may use IPsec

2. UE sends CM service request

a. For Basic call

b. For emergency call

3. Security procedures may occur at any stage during call establishment 

4. The eMSC returns a CM service accept

5. UE sends a set-up message which is responded by a Call Proceeding if accepted by the eMSC
6. Channel assignment is done SAE specific, see below

7. Following the channel assignment is the IAM towards the destination, and the Alerting and Connect messages to the UE upon the reception of ACM and ANM, respectively, from the remote end

8. UE responds by Connect ACK, confirming the call establishment

ii. The CS channel assignment that takes place after the „Call Proceeding“; needs to be replaced by a SAE network initiated bearer setup. It is assumed that SAE bearer control and PCC mechanisms can be reused without additions.
b. MT call setup

i. The signalling procedure occurs according to TS 23.018:

1. eMSC receives IAM

2. CS Paging is not needed but could be used to ensure that UE turns active

3. Ciphering is not required:

a. the signalling connection may use IPsec

b. therefore the eMSC returns a start security procedures message indicating no ciphering 

4. eMSC sends Setup to UE which is responded by a Call Confirmed

a. This may trigger MME/UPE paging if UE is idle

5. Security procedures may occur at any stage during call establishment

6. Channel assignment is done SAE specific, see below

7. ACM and ANM are sent by the eMSC towards the originator upon receipt of the Alerting and Connect messages, respectively, from the UE

8. eMSC responds by Connect ACK, confirming the call establishment

ii. The CS channel assignment that takes place between the „Call Confirmed“ and “Alerting”; needs to be replaced by a SAE network initiated bearer setup and is done in the same way as for the MO case.
4) eMSC registers itself at the MME as ‚Handover-serving Node’ for this bearer. It is FFS how the eMSC knows the serving MME for the UE.
Depending on operator configuration:

a. CS voice in 2G and 3G

The eMSC shall indicate itself as 2G and 3G ‚Handover-serving Node’ for this bearer.

b. CS voice in 2G and PS voice in 3G

The eMSC shall indicate itself as 2G only ‚Handover-serving Node’ for this bearer. Voice call handover between LTE and 3G is done with the PS handover procedure.

Note: in this case additionally to below procedures also 3G nodes need to support PS-CS handover to 2G

A measurement report from the UE indicates a legacy cell as handover target and the eNodeB starts the handover procedure. 
5) As the eMSC has registered itself as ‚Handover-serving Node’ for this bearer the MME forwards the HO Required to the eMSC.
Note: The handover of other established bearers besides the voice bearer for which the eMSC has registered as ‚Handover-serving Node’ is handled by the MME according to the SAE procedures for PS handover to legacy RAT.

6) Upon receiving the HO Required from the MME the eMSC initiates a legacy inter-MSC handover to the MSC serving the received target cell. This is shown in steps 6) – 10).

Note: If the currently serving eMSC is also serving MSC of the target cell then no inter-MSC handover is needed and steps 6) – 8) are skipped.
The release of the SAE bearers is done according to SAE procedures.
Handover 2G/3G CS -> LTE
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A legacy CS voice call has been set up.

1) A measurement report from the UE triggers the BSS or RNC to send a HO Required to the MSC-S.

2) As the target cell is an LTE cell, the MSC-S initiates an inter-MSC handover to the eMSC. This is shown in steps 2) - 6). Between Step 2) and 3) the following preparations in the SAE/LTE system are required:

· an IP address needs to be assigned to the UE

· the GBR bearer for the voice stream needs to be established

· default connectivity may be established (may happen after call release as well)

Note: If the currently serving MSC-S is also serving eMSC of the target cell then no inter-MSC handover is needed and steps 2) – 4) are skipped.

Note: It is expected that procedures for PS handover from legacy RAT to LTE can be re-used/modified. It is FSS how the IP address allocation for the UE is performed.
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