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Introduction

It is a requirement for the SAE system to support call continuity. This paper proposes a potential way forward for this.

Discussion

The solution being developed in release 7 for VCC is suitable for technologies that can be concurrently active, as it relies, to obtain the smoothest possible continuity of the call, on the ability to establish the leg in the transferred-in domain before the leg on the transferred-out is released, and this process is controlled by the UE’s ability to trigger the transfer by sending a “set-up” message or a SIP message over the transferred in domain.

It is assumed that terminals with the capability to support concurrently an active LTE session and a CS call on UMTS / GSM will not be available (or not be mainstream). So, the VCC solution for Rel 7 is not directly applicable for a transfer between a CS call on GSM/UMTS and a LTE VoIP session. Of course if such terminals were widespred, Release 7 VCC could apply directly. 

Deployment considerations and assumptions

It is assumed that LTE will be deployed in islands of high user density first. So ubiquitous LTE coverage cannot be assumed. It is also assumed that by the time LTE is deployed in these “islands”, the UMTS coverage in these areas is well developed and in any case UMTS will exist as a backup for LTE. It is assumed that wherever there is UMTS, GSM coverage is also available, as long as GSM is supported and GSM spectrum is not re-farmed to something else.

It is then assumed that terminals requiring the support of continuity if a voice call between GSM and LTE are also UMTS capable UEs (we exclude the case of dual mode GSM/LTE-only terminals).

It is assumed that the UMTS Radio will also support VoIP, when LTE VoIP is offered by a service provider.

Building blocks of a potential solution

In the ensuing discussion we will rely on the deployment assumptions outlined in the section here above. Specifically, the UE is assumed to be a tri-mode GSM/UMTS/LTE terminal.

Furthermore, these fundamental capabilities are available and can be network controlled:

· UMTS-PS domain to LTE HO and viceversa.

· UMTS-CS to GSM HO and viceversa.

· VCC capability between UMTS-PS and UMTS-CS and viceversa.

Let’s consider the case of transition from LTE to UMTS.

Under the assumption that VoIP can be supported on UMTS radio as well, the transition between the LTE Island and the UMTS Island can be achieved as simple PS HO between LTE and UMTS. As such, it seems that no particular support is required by the LTE system other than network controlled HO with UMTS PS.

If it is desirable to then move the VoIP call to CS, PS to CS VCC using Rel 7 could be used, as UMTS PS and UMTS CS can be concurrently active at the same time and so the transfer would be extremely graceful. This domain transfer will be required before transitioning to GSM using a CS HO between UMTS-CS and GSM. So, in regions of the network where UMTS coverage can be patchy and backed up by GSM, then the network MUST force the voice call to be supported using UMTS CS. Methods to command the UE to perform VCC could be various. For instance, the UMTS Node-Bs in areas of patchy UMTS coverage may be configured to transmit on the broadcast channel information that triggers the UE to move voice calls from UMTS PS to UMTS CS. Also, in areas of non-patchy UMTS coverage, the UMTS network could transmit information on the broadcast channel that permits the UE to stay on UMTS-PS for Voice calls support.

The following picture illustrates graphically the concept just outlined


[image: image1.wmf]LTE coverage

UMTS coverage with VoIP 

support

Patchy UMTS coverage

LTE coverage

GSM coverage

PS HO LTE

-

UMTS

VCC within UIMTS

CS HO GSM

-

UMTS


Figure 1 – possible Voice call Support in mixed LTE/UMTS/GSM environment

When a user starts a call on GSM or UMTS CS, the transition to LTE should be driven by policy. In theory, a call would stay on GSM or UMTS CS if the network (or the UE bases on network information available at the UE) was not commanding the transition to VoIP. The UE could decide the transition to UMTS PS when the network provides positive information that VoIP is supported on UMTS. The transition to LTE would then be governed by Network controlled HO policies between UMTS-PS and LTE.

Conclusion

This paper proposes a way forward to support continuity of a voice call in mixed LTE/UMTS and GSM environment for a tri-mode UE. It is based on some coverage and employment assumptions that we believe to be quite reasonable. This concept and assumptions in this paper are proposed for agreement and the result of this should be used as an input to relevant sections in 23.882, as agreed during the meeting.
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