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Foreword

This Technical Report has been produced by the 3rd Generation Partnership Project (3GPP).

The contents of the present document are subject to continuing work within the TSG and may change following formal TSG approval. Should the TSG modify the contents of the present document, it will be re-released by the TSG with an identifying change of release date and an increase in version number as follows:

Version x.y.z

where:

x
the first digit:

1
presented to TSG for information;

2
presented to TSG for approval;

3
or greater indicates TSG approved document under change control.

y
the second digit is incremented for all changes of substance, i.e. technical enhancements, corrections, updates, etc.

z
the third digit is incremented when editorial only changes have been incorporated in the document.

Introduction

During the course of Release 6, Technical Specification 23.234 (3GPP system to Wireless Local Area Network (WLAN) interworking: System description) [2] was developed that provides the possibility to offer VoIP over WLAN interworking with IMS. Thus there is the possibility to support the most prevalent GSM service (voice calls) over I-WLAN when there is coverage. By developing the capability to support seamless voice call continuity between the CS Domain and an I-WLAN, or other IPCANs, an operator would be able to provide relief to the GSM/UMTS radio resources and increase service revenue. In addition, wireline operators with VoIP offerings should be able to use the 3GPP IMS architecture to offer converged services. This TR documents alternatives for how to provide such seamless voice call continuity between the CS Domain and IPCANs.
1
Scope

This document contains the results of the feasibility study into the architectural requirements and alternatives for the active voice call continuity between Circuit Switched (CS) domain and the IP Multimedia Subsystem (IMS). Considerations include overall requirements, architectural requirements, evaluation of potential architectural solutions and alternative architectures.

The Feasibility Study considers different solutions for offering real-time voice call continuity when users move between the GSM/UMTS CS Domain and the IP Connectivity Access Network (e.g., WLAN interworking) with home IMS functionality.  Voice call related functionality, including the need for Regulatory issues (e.g. Text Tele phone (TTY as defined in TS 26.226)), Emergency Call and support for supplementary services are taken into consideration.

The objective is to identify an architectural solution that allows completely automatic connectivity from the end-user point of view, while minimizing the additional complexity and impacts to the existing system. The feasibility study shall also investigate mechanisms for selecting the most appropriate network domain to serve the user.
Existing solutions developed by the 3GPP (e.g. 3GPP system to Wireless Local Area Network Interworking (I-WLAN)) should be reused as much as possible.

The impact to, and support of service continuity for sessions/calls established following the principles outlined in the combining of CS and IMS sessions (CSI) will also be considered in this study.
2
References

The following documents contain provisions which, through reference in this text, constitute provisions of the present document.

· References are either specific (identified by date of publication, edition number, version number, etc.) or non‑specific.

· For a specific reference, subsequent revisions do not apply.

· For a non-specific reference, the latest version applies.  In the case of a reference to a 3GPP document (including a GSM document), a non-specific reference implicitly refers to the latest version of that document in the same Release as the present document.

[<seq>]
<doctype> <#>[ ([up to and including]{yyyy[-mm]|V<a[.b[.c]]>}[onwards])]: "<Title>".

[1]
3GPP TR 41.001: "GSM Release specifications".

[2]
3GPP TS 23.234: "3GPP system to Wireless Local Area Network (WLAN) interworking"

3
Definitions, symbols and abbreviations

3.1
Definitions

For the purposes of the present document, the [following] terms and definitions [given in ... and the following] apply.

<defined term>: <definition>.

example: text used to clarify abstract rules by applying them literally.

3.2
Symbols

For the purposes of the present document, the following symbols apply:

<symbol>
<Explanation>

3.3
Abbreviations

For the purposes of the present document, the following abbreviations apply:

I-WLAN
Interworking WLAN

WLAN
Wireless Local Area Network

4
Overall Requirements 

· The study shall identify the impacts to the current 3GPP specifications to support real-time voice continuity when moving between the GSM/UMTS CS Domain and IMS domain using an IP Connectivity Access Network (e.g. 3GPP IP access over I-WLAN and PS domain).

· The study does not introduce new requirements for ISIM and USIM. 

· The study should minimize impacts on existing 3GPP specifications.

· The study shall not require changes to radio systems (e.g., UTRAN/GERAN or 802.xx, etc.) 

5
Architectural Requirements and Considerations 

5.1
Basic Assumptions

· Although the scope is mainly targeted at CS services over a UTRAN, GERAN access and IP multimedia services over a IP Connectivity Access Network with WLAN, the solution is (at least technically) assumed to be applicable to IP Multi-media services over GERAN/UTRAN, and should not be dependent on any functionality from IP Connectivity Access Network

· The selection of access network should allow automatic connectivity from the end-user’s point of view. 
· UEs that do not support the functionality described in this TR will not be impacted.

· The radio layer protocols for xRAN, NAS in TS 24.008, and PS core shall not be impacted

· CS core impacts shall be minimized. Changes should be restricted to the IMS elements and the UEs that support IP Connectivity Access Network 

· Protocols connecting the IMS to the CS domain, to the PSTN and to other SIP networks, including other IMS networks should remain unchanged.

· The existing CS security aspects, IP Connectivity Access Network security aspects and IMS security aspects defined by 3GPP specifications (TS 33.203, TS 33.234) shall be reused.

· The UE will be capable of transmitting and receiving simultaneously in the CS domain on GERAN/UTRAN, and on the IP Connectivity Access Network. 

· The UE can be registered in either CS or IMS domains or both domains

· The user can be reached via the same identity (i.e., MSISDN) in both IMS and GSM/UMTS CS Network. This may be on either the same device, or on different devices.

· CS services will be available when the CS domain is being utilized, and IMS services will be available when the IMS domain is being utilized. Service delivery during voice call continuity procedure will be provided across domains, subject to the inter domain constraints.

· When a user is attached to both the CS and IMS domains, the network has the responsibility for selecting the terminating service domain, depending on operator policy and possibly user preference.

· Support for Voice call and Emergency call handover shall be provided, if the target domain supports it.

Editor Note: The IP CAN for IMS access and the IMS Core Network may belong to separate services providers.

Editor Note: The CS domain in roaming should be supported.

5.2
Architectural Requirements

· It shall be possible to perform correlation of charging that is performed in GSM/UMTS CS Domain and for the IMS session when service continuity between the domains is performed.  
This shall ensure consistent end-user charging.

· While not in CS or IMS voice call, the UE shall be able to detect and automatically select the appropriate access Network (such as GSM/UMTS radio or IP Connectivity Access Network). The selection may be based, e.g., on operator policy for real-time voice service and user’s preference.  

· The architectural solution shall support a mechanism for selecting how to route the terminating voice to the UE; since it is possible for multiple devices to be registered to the IMS, terminating handling should allow for routing to multiple devices; including the CS device.

· It shall be possible for a user to be reached via the same identity (i.e., MSISDN) in both IMS and GSM/UMTS CS Network.  

· It shall be possible for UEs connected to the IMS to initiate or receive IMS session requests while a CS voice call is ongoing to a UE with the related MSISDN.  

· It shall be possible for a UE to initiate/receive CS voice calls while a UE using a related Public User ID has IMS session(s) is ongoing.

· Handoff should be provided such that from the end user’s perspective minimal service disruption is perceived. Handoff procedure latency should be minimized.

· In a CS voice call (respectively Voice call supported over the IP Connectivity Access), the UE shall be able to monitor IP Connectivity Access (respectively GERAN/UTRAN cells) for the purpose of radio mobility  

· User preferences and operator preferences shall be taking into account when making decision for requesting a CS to IMS or IMS to CS transition

· Use of available QoS mechanisms need to be considered, however, the Impact on the QoS mechanism is out of the scope.

5.2.1 Operator Control Requirements

Editor’s Note: NSP work from SA1 should be taken into account. The terminologies, definitions and requirements here should not be conflicted with NSP specifications.
5.2.1.1 Classification of Operator Control

Operator control is classified into two kinds as follows:

1). Pre-defined control
Pre-defined control is that criterion is configured before a user attempts to select access systems between CS Domain and IPCANs for voice services. For example, pre-defined control criterion be downloaded and updated over air interfaces. Pre-defined control can be permanent or temporary. Permanent pre-defined control are always in effect. On the other hand, temporary pre-defined control only takes effect for a limit time period, e.g. holidays, festivals or busy time and overrides the permanent pre-defined control.

2). Real-time control
Real-time control is that an operator controls the UE’s selection of access systems between CS Domain and IPCANs dynamically according to network conditions or other aspects based on operators’ policies. This real-time control overrides any pre-defined control.

5.2.1.2 Requirements of Operator Control

Editor’s Note: Detail requirements of operator control for selecting access systems between CS Domain and IPCANs that should be supported is TBD.
5.3 Session Scenarios

5.3.1 Overview

To guide the design of solutions and determine their feasibility the following scenarios or subset of these scenarios shall be used to evaluate architecture alternatives.

5.3.2 Two party UE to PSTN calls

1) UE(A) is in a stable voice call to PSTN User B via GSM/UMTS CS Domain.  After voice call continuity procedures are completed, UE(A) is in a stable voice call to PSTN User B via IMS Domain.

2) UE(A) is in a stable voice call to PSTN User B through IMS via IP-CAN.  After voice call continuity procedures are completed, UE(A) is in a stable voice call to PSTN User B  via GSM/UMTS CS domain .

3) Voice call continuity from IMS via IP-CAN when UE(A) moves back to GSM/UMTS CS Domain.

4) Voice call continuity from GSM/UMTS CS Domain when UE(A) moves back to IMS via IP-CAN.

5.3.3 Two party UE(A) to UE(B) calls

1) UE(A) is in a stable voice call to UE(B) through GSM/UMTS CS domain.   After voice call continuity procedures are completed, UE(A) is in a stable voice call to UE(B) via IMS Domain.

2) UE(A) is in a stable voice call to UE(B) through IMS via IP-CAN (all IP call).   After voice call continuity procedures are completed, UE(A) is in a stable voice call to UE(B) via GSM/UMTS CS domain .

3) Voice call continuity from IMS via IP-CAN when UE(A) moves back to GSM/UMTS CS Domain.

4) Voice call continuity from GSM/UMTS CS Domain when UE(A) moves back to IMS via IP-CAN.

5.3.4 Supplementary services are active when handover occurs

1) GSM/UMTS CS domain 2 way call on-hold by UE(A) when voice call continuity procedures are initiated to IMS via IP-CAN.  After the voice call continuity procedures are completed, the other party remains on hold and UE(A) can remove the call hold when requested by the user.

2) IMS via IP-CAN 2 way call on-hold (UE(A) owner) when voice call continuity procedures are initiated to GSM/UMTS CS domain.  After the voice call continuity procedures are completed, the other party remains on hold and UE(A) can remove the call hold when requested by the user.

3) GSM/UMTS CS domain 3 way call active (UE(A) owner) when voice call continuity procedures are initiated to IMS via IP-CAN.  After the voice call continuity procedures are completed, UE(A) is still the active owner of the 3 way call and standard 3 way call control rules and procedures will be followed (e.g., UE(A) can drop the last added party).

4) IMS via IP-CAN 3 way call active (UE(A) owner) when voice call continuity procedures are initiated to GSM/UMTS CS domain.  After the voice call continuity procedures are completed, UE(A) is still the active owner of the 3 way call and standard 3 way call control rules and procedures will be followed (e.g., UE(A) can drop the last added party).

5) GSM 2 way call with call-waiting active (UE(A) owner) when voice call continuity procedures are initiated to IMS via IP-CAN.  After the voice call continuity procedures are completed, the other party is still in call waiting mode and UE(A) can perform standard call waiting actions (e.g. toggle between calls).

6) IMS via IP-CAN 2 way call with call-waiting active (UE(A) owner) when voice call continuity procedures are initiated to GSM/UMTS CS domain.  After the voice call continuity procedures are completed, the other party is still in call waiting mode and UE(A) can perform standard call waiting actions (e.g. toggle between calls).

5.3.5 Supplementary Services are Activated After Voice Call Continuity Procedures Have Completed

1) After GSM/UMTS CS domain to IMS via IP-CAN voice call continuity procedures have completed, UE(A) performs a subsequent add 3rd party (3 way call) or call hold.

2) After IMS via IP-CAN to GSM/UMTS CS domain voice call continuity procedures have completed, UE(A) performs a subsequent add 3rd party (3 way call) or call hold.

3) After GSM/UMTS CS domain to IMS via IP-CAN voice call continuity procedures have completed, a subsequent incoming call to UE(A) invokes call waiting.:

4) After IMS via IP-CAN to GSM/UMTS CS domain voice call continuity procedures have completed, a subsequent incoming call to UE(A) invokes call waiting.

6 Architecture Alternatives 
This clause documents the set of proposed solution architectures.

6.1

General Abstraction

6.2 Transferred Call Control Model

6.2.1
IMS to CS
6.2.1.1 IMS controlled HO
6.2.2.2 
Mot?
6.2.2
CS to IMS
6.2.2.1 IMS controlled HO

6.2.2.2
ECT Source Control 
6.2.2.3
USSD Source Control
6.3 Anchored Call Control Model
6.3.1
IMS to CS

6.3.2
CS to IMS

7
Conclusion and Recommendations
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