SA WG2 Temporary Document

Page 1
-


3GPP TSG SA WG2 Architecture — S2#56b Rel-8 Ad-hoc
S2-070657
12 - 15 February 2007

St Louis, Missouri, USA

Source:
T-Mobile
Title:
Voice telephony services continuity between LTE and 2G/3G radio accesses
Document for:
Approval
Agenda Item:
8.7
Work Item / Release:
SAE / 7
Abstract of the contribution: Insertion of new concept to solve Service continuity between IMS over SAE/LTE access and CS domain into the SAE TR. This concept allows for a simple and elegant solution for Voice telephony services’ continuity between LTE and 2G/3G radio accesses.
Introduction

Contribution S2-070656 presents the ‘Evolved CSI approach’ as a solution for Voice telephony services’ continuity between LTE and 2G/3G radio accesses. This contribution proposes to introduce the ‘Evolved CSI approach’ as additional alternative into section 7.19 of TR 23.882.
Furthermore it is proposed to align the wording of headlines and text in chapter 7.19 with the appropriate requirements in section 7.1.4.2 of TS 22.278. This is to align the scope of the SA2 study with the SA1 requirements.
Proposal
----------------------------------------------------------------- first change --------------------------------------------------------------

7.19
Key Issue – Service continuity at domain and RAT change for TS 11, TS 12, … and equivalent PS service
The intent of this clause is to study solutions for service continuity at domain and RAT change for TS 11, TS 12, … and equivalent PS service. The initial focus is put on voice call continuity, however the study on continuity of other services (e.g. video) shall not be precluded.

7.19.1
Service continuity at domain and RAT change for TS 11, TS 12 and equivalent PS service
7.19.1.1
Description of key issue Service continuity at domain and RAT change for TS 11, TS 12 and equivalent PS service
The intent of this clause is to study alternative solutions for Service continuity at domain and RAT change for TS 11, TS 12 and equivalent PS service. The solutions studied here shall allow coexistence with VCC (as specified in 3GPP TS 23.206 [29]). Solutions compatible with VCC Rel 7 shall be studied.
It is expected that some of the alternative solutions may be applied in pre-SAE/LTE context i.e. for Voice call continuity between 2G/3G PS access and CS domain. Any such applicability to pre-SAE/LTE context should be highlighted when incorporated in here.

In the following desirable characteristics for proposed solutions are listed: 

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

· Impact on service quality, e.g. QoS, interruption times should be minimized 

· RAT/domain selection/change should be under network control.

· In roaming cases, the Visited PLMN should control the RAT/domain selection/change while taking into account any related HPLMN policies

· Inter-domain handover in the VPLMN should be performed without significant amount of signalling to the HPLMN.

· Impact on legacy RAT is highly undesirable

· Impact on legacy CS CN is undesirable

7.19.1.2
General aspects

It is understood that the service continuity aspects described in this clause are linked to radio aspects peculiar to single radio devices e.g. handovers across 3GPP radio technologies.

Different solutions may be suited depending on the scenarios (e.g. which combination of domain transfer and radio handover), on the deployment assumptions (e.g. PS Handover and VoIP optimisations supported in the 2G domain or not) and on the intended use cases (e.g. LTE used as an overlay in areas where both 2G and 3G are present, or as a replacement for either of them)

The following table summarises the number of scenarios potentially to be considered for the continuity between IMS and CS

	Scenario
	Source or Target cell

(PS)
	Target or Source cell

(CS)
	Assumptions on deployment
	Solutions

	1
	LTE
	3G
	3G: VoIP optimisations supported
	

	2
	LTE
	3G
	3G: VoIP optimisations not supported
	

	3
	LTE
	2G
	2G: VoIP optimisations supported; PS Handover supported
	

	4
	LTE
	2G
	2G: VoIP optimisations not supported; PS Handover supported
	

	5
	LTE
	2G
	2G: VoIP optimisations not supported; PS Handover not supported
	

	6
	3G
	3G 
	
	

	7
	3G
	2G
	2G: VoIP optimisations supported; PS Handover supported
	

	8
	3G
	2G
	2G: VoIP optimisations not supported; PS Handover supported
	

	9
	3G
	2G
	2G: VoIP optimisations not supported; PS Handover not supported
	

	10
	2G
	2G
	
	

	NOTE: Scenarios 6,7,8,9 assume VoIP optimisations are supported in 3G

NOTE: Scenarios 10 assumes VoIP optimisations are supported in 2G


Table 7.19.1,2-1 – Continuity scenarios from IMS towards CS

Editor’s Note: The “Solutions” column is FFS

7.19.1.3
Alternative solution A – Combinational VCC

7.19.1.3.1
Description

Combinational VCC (C-VCC) is a combination of radio handover (HO) and VCC domain transfer (DT; as defined in 3GPP TS 23.206 [29]).

The continuity between IMS/LTE and 3G CS is enabled by going through 3G PS as an intermediate step i.e.

· LTE =(PS HO)=> via 3G PS  =(DT)=> 3G CS, and

· 3G CS =(DT)=> via 3G PS =(PS HO)=> LTE.

A pre-requisite for C-VCC operation in this scenario is that the 3G cell supports both CS voice bearers and PS voice bearers.

The continuity between IMS/LTE and 2G CS is enabled by going through 2G PS as an intermediate step i.e.

· LTE =(PS HO)=> via 2G PS  =(DT)=> 2G CS, and

· 2G CS =(DT)=> via 2G PS =(PS HO)=> LTE.

A pre-requisite for C-VCC operation in this scenario is that the 2G cell supports both CS voice bearers and PS voice bearers. In addition, the terminal and the 2G RAN must support the PS handover procedure and the DTM capability. The GPRS access of the 2G cell is used like a “changing room” where the voice call/session can quickly change its nature (from CS to IMS or vice versa), but without keeping the VoIP session in GPRS longer than necessary to perform this transformation.

The solution is applicable in pre-SAE/LTE context, including transitions to/from 3G PS-only cells. It requires support for PS Handover and DTM on the 2G side.

7.19.1.3.2
Impact on the baseline CN Architecture

7.19.1.3.3
Impact on the baseline RAN Architecture

7.19.1.3.4
Impact on terminals used in the existing architecture
7.19.1.4
Alternative solution B

7.19.1.4.1
Description

This solution enables the continuity between IMS/LTE and 3G CS by going through 3G PS as an intermediate step (i.e. the same as in clause 7.19.1.3). There is no provision for support of continuity between IMS/LTE and 2G CS directly without going through 3G as an intermediate step. This would be achieved as follows:

· LTE =(PS HO)=> via 3G PS  =(DT)=> via 3G CS  =(CS HO)=> 2G CS, and

· 2G CS =(CS HO)=> via 3G CS  =(DT)=> via 3G PS =(PS HO)=> LTE.

Such a simplification is based on the assumption that LTE will be deployed in islands of high user density first and 3G coverage in these areas is well developed and in any case 3G with VoIP capability exists as a backup for LTE. It is assumed that wherever there is 3G coverage, GSM coverage is also available.

The following picture illustrates graphically the concept.
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Figure 7.19.1.4.1-1 – Underlying assumptions for Alternative solution B

In regions of the network where 3G VoIP coverage can be patchy and backed up by GSM, then the network must force the voice call to be supported using 3G CS. Methods to command the UE to perform VCC domain transfer could be various. For instance, the 3G NodeBs in areas of patchy 3G coverage may be configured to transmit on the broadcast channel information that triggers the UE to move voice calls from 3G PS to 3G CS. Also, in areas of non-patchy 3G coverage, the 3G network could transmit information on the broadcast channel that permits the UE to stay on 3G PS for voice calls support.

When a user starts a call on 2G CS or 3G CS, or the call is handled by CS domain at some point, the transition to 3G VoIP and then LTE should be driven by policy. The UE could decide the transition to 3G PS when the network provides positive information that VoIP is supported on 3G PS. The transition to LTE would then be governed by network controlled HO policies between 3G PS and LTE.

The solution is applicable in pre-SAE/LTE context provided that the 3G cells in the border areas support access to both CS and PS domain.

7.19.1.4.2
Impact on the baseline CN Architecture

7.19.1.4.3
Impact on the baseline RAN Architecture

7.19.1.4.4
Impact on terminals used in the existing architecture
7.19.1.5
Alternative solution C – CreDT

7.19.1.5.1
Description

Call Re-establishment on Domain Transfer (CreDT) is a "break-before-make" solution in which the remote party is "parked" while the UE is in the source radio, and is then "un-parked" once the UE moves to the target radio. The VCC application on the network side anchors the bearer path of the remote party during the execution of CreDT. The user is notified via appropriate MMI of the ongoing CreDT procedure, whereas comfort tone or recorded announcement is provided to the remote party during CreDT.
The CreDT procedure initiation can be signalled explicitly by the UE (refer to Annex E in 3GPP TR 23.806 [30] for detailed call flows) or implicitly deduced by the VCC application upon radio link failure (the latter is referred to here as "Implicit CreDT").

The solution is applicable in pre-SAE/LTE context, including transitions to/from 3G PS-only cells. It does not require support of PS Handover or DTM on the 2G side.

7.19.1.5.2
Impact on the baseline CN Architecture

7.19.1.5.3
Impact on the baseline RAN Architecture

7.19.1.5.4
Impact on terminals used in the existing architecture

7.19.1.6
Alternative solution D - « Inter-MSC Handover » solution

7.19.1.6.1
Description

This alternative solution is based on the inter-MSC Handover procedure. The SAE/LTE Evolved Packet Core (EPC) emulates an "anchor MSC" functionality and exhibits the “E” interface towards the neighbouring MSCs. The solution works for voice calls which have been initiated in IMS/LTE and allows for subsequent transitions from 2G CS domain back to IMS/LTE.

While in IMS/LTE mode, the CSCFs detect the potential candidate sessions for VCC transition to the CS domain and propagate this information via the PCRF and the EPC to the evolved RAN. This information allows the evolved RAN to identify the Ues for which to initiate measurements that may eventually trigger the inter-MSC HO procedure. At the end of the inter-MSC procedure, the P-CSCF may have to register with the IMS on UE's behalf in case the UE has no DTM capability. It is FFS how call control signalling is handled after handover (e.g. relay of call control signalling in BSSMAP messages).

Similar logic may be used for subsequent transitions from 2G CS to IMS/LTE, but it requires further investigation.

The services remain anchored in the IMS after the initial and subsequent transitions to/from the CS domain.

This solution may also be applicable for continuity between 3G PS and 2G CS, but it requires further investigation.

7.19.1.6.2
Impact on the baseline CN Architecture

7.19.1.6.3
Impact on the baseline RAN Architecture

7.19.1.6.4
Impact on terminals used in the existing architecture
7.19.1.7
Alternative solution E - « Evolved CSI » solution
7.19.1.7.1
Description
The basic principle of this solution is to keep Call and SS Control for voice telephony in the CS Domain. So, for a PS only radio access like LTE an evolved MSC-Server, does 24.008 signalling via IP transport (tunnelled via LTE/SAE access) towards the UE.
After the UE has established IP connectivity over LTE/SAE, the UE registers with the eMSC similar to legacy location update procedure, and is then “pseudo-CS” attached.
MO and MT call setup signalling procedure occurs according to TS 23.018, and is transported over IP. The CS channel assignment is replaced by an SAE network initiated bearer setup. It is assumed that SAE bearer control and PCC mechanisms can be reused without additions.
Mobility
As preparation for a possibly needed PS-CS voice call continuity procedure the eMSC registers itself at the MME as ‚Handover-serving Node’ for an ongoing voice bearer, at bearer setup.
In case a handover between LTE and legacy 3GPP radio accesses is needed the MME triggers the respective eMSC (including the information about the target cell ID).
The eMSC then initiates standard legacy handover procedure (in case the target cell belongs to the eMSC’s area) or standard legacy inter-MSC Handover procedure (in case the target cell belongs to another MSC area).
Handover is possible for PS to CS direction as well as for CS to PS. For the CS to PS handover direction it may be necessary to extend procedures for PS handover between LTE and legacy 3GPP radio accesses. It is FSS how the IP address allocation for the UE is performed in this case.
Voice & IMS-session in parallel
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).
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Figure 7.19.1.7.1: Evolved CSI approach

7.19.1.7.2
Impact on the baseline CN Architecture

7.19.1.7.3
Impact on the baseline RAN Architecture

7.19.1.7.4
Impact on terminals used in the existing architecture
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