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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

1
Scope

The objective of the feasibility study is to investigate a solution for supporting the single radio video call continuity from E-UTRAN/HSPA to UTRAN-CS based on the Rel-8/9 Single Radio Voice Call Continuity (SRVCC) architecture as specified in TS 23.216 [2] and TS 23.237 [3], and study the mechanisms to resolve the key issues. It is not expected that the SRVCC architecture will be modified unless any of the key issues cannot be resolved with the current architecture.
The study will be performed to the scenarios where IMS session using bidirectional voice and synchronised video, such as defined in TS 22.173 [4], originated in E-UTRAN/HSPA and the UE moves to UTRAN and continues the service over UTRAN in the CS domain.
The video call continuity from E-UTRAN/HSPA to GERAN is not supported.
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.

[1]
3GPP TR 21.905: "Vocabulary for 3GPP Specifications".

[2]
3GPP TS 23.216: Single Radio Voice Call Continuity (SRVCC): Stage 2”
[3]
3GPP TS 23.237: “IP Multimedia Subsystem (IMS) Service Continuity; Stage 2”

[4]
3GPP TS 22.173: “IP Multimedia Core Network Subsystem (IMS) Multimedia Telephony Service and supplementary services; Stage 1”
[5]
3GPP TS 22.101 : “Technical Specifications and Technical Reports for a UTRAN-based 3GPP system”
[6]
3GPP TS 22.278: “Service requirements for the Evolved Packet System (EPS)”

[7]   
3GPP TS 26.114: “IP Multimedia Subsystem (IMS); Multimedia Telephony, Media handling and interaction”

[8]   
3GPP TS 26.111: “Codec for circuit switched multimedia telephony service; Modifications to H.324”

[9]   
ITU-T H.324 Annex K: “Media oriented negotiation acceleration procedure” and associated changes to Annex J

[10]   
ITU-T H.245: “Control protocol for multimedia communications”
3
Definitions and abbreviations

3.1
Definitions

For the purposes of the present document, the following definitions apply. 
Video call: For IMS over E-UTRAN/HSPA, it represents the session using bidirectional voice and synchronised real time video as specified in TS 22.173 [4]. For UTRAN-CS, it represents the Circuit Switched (CS) multimedia calls as specified in TS 22.101 [5].
Single Radio Video Call Continuity: Video call continuity between IMS over PS access and CS access for calls that are anchored in IMS when the UE is capable of transmitting/receiving on only one of those access networks at a given time. The definition of SRVCC as specified in TS 23.216 [2] now means the process of continuing a voice (or video) call as a user moves between IMS over PS access and CS access. However, the usage of the term SRVCC in 3GPP specifications will keep its original meaning, i.e. voice call continuity. In this technical report, the term vSRVCC is used for single radio video call continuity to differentiate it from single radio voice call continuity (SRVCC).
3.2
Abbreviations

For the purposes of the present document, the abbreviations given in TR 21.905 [1] and the following apply. An abbreviation defined in the present document takes precedence over the definition of the same abbreviation, if any, in TR 21.905 [1].

SRVCC
Single Radio Voice Call Continuity
vSRVCC
Single Radio Video Call Continuity
4
Assumptions and requirements
4.1

Assumptions

Followings are the assumptions of the vSRVCC from E-UTRAN/HSPA to UTRAN-CS handover:
-
The video call by IMS over E-UTRAN/HSPA is the MMTEL with video which uses separate EPS bearers for video and voice components, respectively.

4.2

Architectural requirements 
Followings are the requirements for the vSRVCC from E-UTRAN/HSPA to UTRAN-CS from an architectural perspective.

-
The solution shall not require UE with multiple RATs capability to simultaneously signal on two different RATs.
-
Impact on user service quality experience, e.g. QoS, call drop, interruption time, should be minimized.
-
Overall duration of the video call continuity from E-UTRAN/HSPA to UTRAN-CS procedure shall be minimized.

-
It shall be possible to restrict RAT/domain selection change to access systems and subscribers depending on operator policies, and capabilities of the network and the UE, and these shall be network initiated and under network control.

-
In roaming cases, the VPLMN shall be able to control the RAT/domain selection change while taking into account any related HPLMN policies for MMTEL video call.
-
The signalling to the HPLMN for inter-domain continuity from E-UTRAN/HSPA to UTRAN-CS in the VPLMN should be minimized.

-
Rel-8/9 SRVCC architecture, as specified in TS 23.216 [2] shall not be modified unless any of the key issues cannot be resolved.
-
For PS bearer(s) other than the ones for voice and video, PS continuity from E-UTRAN/HSPA to UTRAN-CS and from E-UTRAN to UTRAN/HSPA as specified in TS 23.401 shall not be impacted.
-
It shall be possible to fallback to Rel-8/9 SRVCC and maintain the voice component of MMTEL session if the Rel-10 vSRVCC cannot be completed due to, for instance, resource shortage in UTRAN-CS.
4.3
Performance requirements
 -
In the RAT change procedure executed to enable vSRVCC, the audio component of the MMTEL session shall be subject to interruption times equivalent to Rel-8/9 SRVCC performance, i.e. target interruption time is not higher than 300 msec for voice as defined in TS 22.278 [6].
-
In the RAT change procedure executed to enable vSRVCC, the time of the additional transfer of the video component(s) of the MMTEL session should be equivalent to the time it takes to complete the H.245 codec negotiation [10], as defined in TS 23.237 [3], in order to minimize the perceivable video disruption for the user.
5
Architecture model and reference points

5.1
General

5.2
Reference architecture

The architecture is similar to the one provided in TS 23.216 [2]
5.2.1
Proposed 3GPP E-UTRAN/HSPA to 3GPP UTRAN SRVCC for video-calls architecture

5.3
Impact on functional Entities

5.3.1
UE

5.3.2
eNode-B/Node-B

5.3.3
MME/SGSN

5.3.4
MSC Server enhanced for vSRVCC
5.3.5
SCC AS

5.4
Reference points

Editor’s Note: The reference point that provide video-call SRVCC support between 3GPP E-UTRAN/HSPA and 3GPP UTRAN (CS).
6
Key Issues
6.1
Key issue 1: Video Codec negotiation

6.1.1 
Alternative 1- Two step approach for transferring video-call with vSRVCC

6.1.1.1

Functional description
For MTSI and 3G-324M, three video codecs, H.263, MPEG-4, and H.264, are standardized in [7], [8]. In the case of 3G-324M, only H.263 and MPEG-4 are typically implemented and the more complex but of a higher compression efficiency H.264 is currently not implemented in general. MTSI is expected to begin with H.264 at higher bit rates and larger image sizes than those of 3G-324M.
Call Setup Delay of 3G-324M using H.245

H.324, the parent standard of 3G-324M, includes the following steps for call setup:

-
H.223 Multiplexer level detection

-
Terminal Capability Exchange

-
Master Slave determination

-
Open Logical Channels

-
Multiplexer Table Entries Exchange
The procedure typically takes 5 ~ 8 seconds. If link quality deteriorates or media configurations between UEs are not well-matched, this delay may increase even further. The delay can be suppressed to as low as a few seconds in the limited cases when the acceleration techniques, such as MONA [9], are supported by both UEs and little data is lost during the period. However, the call set up procedure of 3G-324M, outlined above, is likely to occur at cell edges under the SRVCC situations where radio link is unstable.

Given that the period of the current SRVCC handover with voice only is significantly smaller (e.g. in the area of 300-500ms) if we aim for simultaneous transfer of voice and video when handing over from PS-to-CS with vSRVCC given that we aim for the establishment of a 64kbps bearer on the UTRAN side and the increased call setup delay of 3G-324M from the negotiation between UEs using H.245 signaling procedures, the interruption time might be significantly large, during which a message might be displayed to ask for patience from the user or recently-played video clips might be replayed until newly-decoded scenes become available.
6.1.1.2
Information flows
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Figure 6.1.1.2-1: Two-step approach of transferring video-call with vSRVCC
NOTE: The upgrade from voice to video is performed using SCUDIF as defined in TS 23.237[3]. Both UE and network must therefore support SCUDIF.
Editor’s Note: Whether the SCUDIF procedure is initiated from the UE or the network is FFS.

Given the long period without any media flow is not acceptable but the voice component of the call needs to be relayed anyway, one alternative approach might be the following step-wise procedure in which the transfer is performed in two steps: 
a) the initial session transfer from the MSC-S to the SCC AS only transfers the voice component (step 2 to 10 in Figure 5.x.1.2-1). 
b) in a second stage and when the H.245 negotiation using SCUDIF completes the 3G-324M replaces the CS voice (step 11 to 17 in Figure 5.x.1.2-1).
Editor’s Note: The identification of the PS bearers that can be used as trigger for vSRVCC handover is FFS.
7
Assessment of the solutions
Editor’s Note:
This clause will include solutions assessment and will provide the chosen solution for video-call SRVCC from 3GPP E-UTRAN/HSPA to 3GPP UTRAN (CS) study. 

8
Conclusion
Editor’s Note:
This clause will provide conclusions with respect to what further specification work is required in order to provide video-call SRVCC from 3GPP E-UTRAN/HSPA to 3GPP UTRAN (CS).
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