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1. Introduction
The Alternative E for Single Radio VCC, documented in TR 23.822, is based on anchoring all voice calls in IMS based VCC Application Server. In SA2 mtg #57 the basic mechanism for PS to CS single radio voice continuity for alternative E was included to the TR 23.882. 

This contribution proposes the basic mechanism for the CS to PS voice continuity for the IMS anchored alternative E.

2. Discussion

2.1. Use case for CS to PS Single Radio VCC

It is widely accepted that a SR-VCC solution for the PS to CS direction is more important than the voice call continuity for the PS to CS direction. This is because it can be generally assumed that there is ubiquitous CS voice coverage, while the VoIP coverage may not be available everywhere.

For some use cases a CS to PS VoIP voice call continuity may however be useful. Potential use cases may be e.g.:

· the CS system becomes overloaded and operator desires to offload some CS capacity by moving voice calls to PS system

· During a CS voice call UE starts high speed PS services and operator desires to hand the UE over to LTE

· CS voice is provided by a partner operator and LTE operator wants to move the user back to his own LTE system as soon as possible

· The CS coverage is not anymore available everywhere

2.2. Assumptions

Obviously there may be multiple mechanisms to achieve seamless CS to PS Single radio-VCC. Some mechanisms may be more complicated than others, while some simpler mechanisms may not be able to cover all the use cases that a more complex mechanism could cover.

One basic assumption that has to be made is whether the VCC UE active at Circuit Switched voice call is assumed to be capable of simultaneous voice and data during the ongoing CS call.

Simultaneous CS voice and  data for a single radio terminal is possible when:

1. UE supports simultaneous voice and data

· For WCDMA terminals this should not be an issue

· For GSM/GPRS terminals, DTM capable terminals have to be assumed

2. The utilized radio access system supports both CS and PS traffic

· This means that the operator has also deployed PS core (GPRS or UMTS PS Core) for the RAN (GERAN or  UTRAN) via which the UE is currently connected for CS voice
The section 3 of this contribution presents a basic mechanism for CS to PS Single Radio VCC assuming that the UE is capable of simultaneous voice and data during the CS voice call. 

The solution for the case when simultaneous CS voice and data is not possible is left FFS. It could be even discussed whether such a solution is truly needed at all:
· All SR-VCC procedures apply only for eUTRA capable release 8 and beyond UEs.

· Would there be a specific reason why single Radio VCC capability would need to be supported for a non DTM capable GSM/GPRS terminals?

· Is a CS to PS VCC solution truly required from systems that do not support  PS connectivity via GERAN or UTRAN?

3. CS to PS Single Radio VCC (Assuming simultaneous voice and data)

Note: This solution assumes simultaneous CS and PS capability via source system. 
3.1
Description
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Figure 3.1-1: High Level SR-VCC Architecture for CS to PS VCC 
Per VCC Rel-7, for all VCC-capable UE's, the call is always anchored at the VCC AS.  

In CS to PS VCC procedure following is done:

1. UE is engaged in CS call via CS system to VCC AS (stable state)

2. UE establishes a PS session in parallel to the CS call. 

· PS session is anchored in SAE GW to enable PS handover to LTE.

3. UE registers in IMS via PS session

4. UE invites VCC AS to a VoIP session

5. If PCRF is involved, Policies for the VoIP session are delivered to SAE GW

6. A PS handover (or cell change) from source system to LTE system is triggered

7. UE stops receiving CS voice via CS system and starts to receive VoIP packets via LTE

8. UE is engaged in VoIP call via LTE system to VCC AS (stable state)

3.2
Procedures
The procedure for a single-radio UE performing VCC from 2G/3G CS to LTE VoIP will then follow the high level steps as defined in Figure 3.2-1. 
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Figure 3.2-1: High Level Procedures for CS to PS Single Radio VCC

Step 1:

· The UE establishes packet data connection via the current access system (if one doesn't already exist). 

· Via the packet data connection UE registers to IMS and establishes a VoIP SIP session towards VCC AS

· VCC AS may trigger the PCC infrastructure to provide the  related policies to the utilized PS domain GW

Similarly to Rel 7 VCC, this Step 1 is started well before the UE will handover to LTE system. The trigger to initiate the SIP session setup (and required PS session) may come from the source RAN (UTRAN, GERAN) (FFS).

At the end of the step 1 UE is still engaged in CS call towards VCC GW via CS system. Voice media is still sent and received via the CS domain.

Step2:  An inter RAT handover is initiated by E-UTRAN. 

PS handover for the SIP session from source system to target system is triggered. Depending on the source system and it's capabilities the PS handover may be performed as:

1. inter system Cell Change Order from 2G to LTE/EPS 

2. inter System PS only Relocation from 3G to LTE/EPS

3. inter system PS handover from 2G to LTE/EPS

Case 1:  (Inter system Cell Change order)

· After completion of the SIP session establishment with VCC AS UE decides to switch from source PS system to eUTRAN,

· UE tunes to and accesses the eUTRAN system,

· MME retrieves the PS contexts from the source SGSN,

· Necessary EPS Radio Bearers are established and

· UE starts to send/receive VoIP media over the assigned EPS bearer via the target eUTRAN.

Cases 2 & 3:  (PS Handover & Relocation)
· at reception of the "Inter RAT Handover Command", the UE stops sending/receiving the original CS voice media via source CS system, 
· UE tunes to and accesses the eUTRAN system and 
· UE starts to send/receive VoIP media over the assigned EPS bearer via the target eUTRAN

How media switching takes place is FFS. Several possibilities exist:

· at the end of step 1, a MGW associated with the VCC AS may start bi-casting/conferencing voice media both to the original CS leg towards the MSC  and to the VoIP leg towards the PS domain GW. 
· It is FFS whether these DL VoIP packets should be discarded at a PD domain GW or delivered to UE and discarded at UE.

· A "Media switch trigger" is included in step 2. This trigger may be a specific signalling message towards the VCC-AS or e.g. a detection of an uplink speech packet from VoIP call leg at MGW.

4. Proposal
It is proposed to include the proposed solution for CS to PS Single radio VCC to the description of Alternative E in the TR 23.882.

The detailed text proposal (same as section 3 above) is included in Annex A.
Annex A:

****************************1st ADDITION     START****************************

7.19.1.7.3   2G/3G CS voice to LTE  VoIP voice continuity
Note: This solution assumes simultaneous CS and PS capability via source system. 
7.19.1.7.3.1 Overview
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Figure 7.19.1.7-a: High Level SR-VCC Architecture for CS to PS VCC 

Per VCC Rel-7, for all VCC-capable UE's, the call is always anchored at the VCC AS.  

In CS to PS VCC procedure following is done:

1. UE is engaged in CS call via CS system to VCC AS (stable state)

2. UE establishes a PS session in parallel to the CS call. 

· PS session is anchored in SAE GW to enable PS handover to LTE.

3. UE registers in IMS via PS session

4. UE invites VCC AS to a VoIP session

5. If PCRF is involved, Policies for the VoIP session are delivered to SAE GW

6. VCC AS (or associated Media GW) may start bicasting voice packets to SAE GW. UE may start receiving VoIP packets via PS system. UE VCC client ignores the VoIP packets.

7. A PS handover (or cell change) from source system to LTE system is triggered

8. UE stops receiving CS voice via CS system and starts to receive VoIP packets via LTE

9. UE is engaged in VoIP call via LTE system to VCC AS (stable state)

7.19.1.7.3.2
Procedures
The procedure for a single-radio UE performing VCC from 2G/3G CS to LTE VoIP will then follow the high level steps as defined in Figure 3.2-1. 
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Figure 7.19.1.7-b: High Level Procedures for CS to PS Single Radio VCC

Step 1:


· The UE establishes packet data connection via the current access system (if one doesn't already exist). 

· Via the packet data connection UE registers to IMS and establishes a VoIP SIP session towards VCC AS

· VCC AS may trigger the PCC infrastructure to provide the  related policies to the utilized PS domain GW

· VCC AS (or associated media Gateway) may start bicasting VoIP data to the PS system. If UE starts to receive these VoIP packets, it silently discards them. 

· Whether a PS domain GW (PDN GW, Serving GW) can locally discard the received DL VoIP packets before the execution of step 2  is FFS.

Similarly to Rel 7 VCC, this Step 1 is started well before the UE will handover to LTE system. The trigger to initiate the SIP session setup (and required PS session) may come from the source RAN (UTRAN, GERAN) (FFS).

At the end of the step 1 UE is still engaged in CS call towards VCC GW via CS system. Voice media is still sent and received via the CS domain.

Step2:  An inter RAT handover is initiated by E-UTRAN. 

PS handover for the SIP session from source system to target system is triggered. Depending on the source system and it's capabilities the PS handover may be performed as:

1. inter system Cell Change Order from 2G to LTE/EPS

2. inter System PS only Relocation from 3G to LTE/EPS

3. inter system PS handover from 2G to LTE/EPS

Case 1:

· After completion of the SIP session establishment with VCC AS UE decides to switch from source PS system to eUTRAN,

· UE tunes to and accesses the eUTRAN system,

· MME retrieves the PS contexts from the source SGSN,

· Necessary EPS Radio Bearers are established and

· UE starts to send/receive VoIP media over the assigned EPS bearer via the target eUTRAN.

Cases 2 & 3: 

· at reception of the "Inter RAT Handover Command", the UE stops sending/receiving the original CS voice media via source CS system, 

· UE tunes to and accesses the eUTRAN system and 

· UE starts to send/receive VoIP media over the assigned EPS bearer via the target eUTRAN.

How media switching takes place is FFS. Several possibilities exist:

· at the end of step 1, a MGW associated with the VCC AS may start bi-casting/conferencing voice media both to the original CS leg towards the MSC  and to the VoIP leg towards the PS domain GW. 

· It is FFS whether these DL VoIP packets should be discarded at a PS domain GW or delivered to UE and discarded at UE.

· A "Media switch trigger" is included in step 2. This trigger may be a specific signalling message towards the VCC-AS or e.g. a detection of an uplink speech packet from VoIP call leg at MGW.

****************************1st ADDITION     END *****************************

_1243255001.vsd

_1242651943.vsd
UE


Network


Inter-RAT Radio Handover


VoIP SIP Session Estabslihment


Radio Handover Procedures


VoIP SIP  session estabslihment


Trigger 1
(start VCC procedures)


Trigger 2 (perform radio handover)


Step 1


Step 2



