TSG-SA WG1 Ad Hoc
S1-060985
Sophia Antipolis, France,  28th August – 1st September 2006 
Agenda Item:  7.4
Title:
SAE-R:  On continuity of voice services between GSM CS and SAE / LTE
Source:
Jörg Swetina (Siemens)
Contact:
Joerg.swetina@siemens.com  Tel : 0676 4912429
Introduction

As CS voice services are considered the most important GSM services it is assumed that the continuity of active voice calls (TS 11) during a RAT change between the GSM CS domain and SAE / LTE will be an important requirement.

Subsequently the following problem arises:
The LTE RAT of SAE will not contain a CS domain. Therefore a voice call that starts in a CS domain cannot undergo “handover” to LTE.  Rather, service continuity between TS 11 and an equivalent IP based voice service needs to be ensured (similar to today’s VCC).
In addition it is assumed that this service continuity needs to be (almost) seamless as a significant service interruption will not be tolerated by the user.

The current SAE / LTE design requests that a UE is attached via a single 3GPP defined radio access (GERAN, UTRAN or LTE) at a time. Thus the LTE radio will not allow for simultaneous transmission and reception in parallel to the 2G/3G radio.

The above situation may well be characterized by the term “single radio VCC”: 
The UE must perform VCC between CS and PS/IMS, but – unlike the current VCC – the UE cannot be attached simultaneously to CS and PS/IMS during the transition. 

However, simultaneous attachment to CS and PS/IMS is required in VCC to achieve seamlessness of the voice call: Via PS the UE registers in IMS and call set-up is prepared in the IMS domain, while at the same time the user still being able to talk over the CS domain.

Proposed way forward
The current GERAN standard  allows simultaneous registration in CS and PS (Class A terminals only) and also simultaneous transmission and reception when using the Dual Transfer Mode (DTM)  [TS 43.055].
Therefore, theoretically it would be possible to do the transition between GSM CS and SAE LTE via a two step mechanism (the discussion about such an approach has already been started in SA2):
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2G CS Domain to SAE/LTE PS/IMS:
1. (Intra-access) Perform VCC between GSM CS and PS/IMS.
2. (Inter-access) After successful VoIP call establishment in 2G PS/IMS, initiate the handover to LTE.

SAE/LTE PS/IMS to 2G CS Domain:

1. (Inter-access) Initiate the handover to 2G PS/IMS.

2. (Intra-access) After successful VoIP call establishment in PS/IMS, perform VCC between towards the 2G CS domain.
Benefits of this approach
· Does not require a violation oft the SAE / LTE design principle that a UE is attached via a single 3GPP defined radio access (GERAN, UTRAN or LTE) at a time.

· Does not require a violation oft the “no CS domain in SAE / LTE” paradigm.

· Avoids impacts on 2G standards.

Following problems exist with the two step approach:

· The VoIP voice call in 2G PS would have very bad voice quality due to missing QoS (still this is better than hearing nothing and the user possibly hanging up). However, in our approach it should immediately be turned into a 2G CS call or be handed over to SAE/LTE.

· In fact there are currently no Class A mobiles on the market.

· Instead Dual Transfer Mode (DTM) mobiles are in the market that can be considered a good approximation to ‘true’ class A. 

· According to our knowledge only a few networks have deployed DTM, which would be a pre-requirement for doing the two step approach.
A question to SA1
Given, that 

· Seamless service continuity of voice calls (TS 11) between the GSM CS domain and SAE / LTE is required
· And the existing 2G radio access and CS domain standards should not be modified.
is it acceptable that:

· In order to allow seamless voice call continuity between GSM CS and SAE / LTE the two-step VCC approach described above may be followed ?
This approach would imply that

· Dual mode (GSM and LTE) handsets that allow seamless voice call continuity between GSM CS and SAE / LTE must be GSM DTM capable and need to support VCC. 

· Networks, that support seamless voice call continuity between GSM CS and SAE / LTE will need to support DTM and will need to support VCC 
Proposal
It is proposed to discuss the ideas given above and if seen necessary inform SA2 on it.
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