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1 Background

R5 SCUDIF (TS 23.172 [1]) already allows fall-back at call setup due to e.g. lack of called user capabilities or network resources, and manual in-call modification from speech to video or vice versa. But this requires R5 CN architecture with the support of BICC.

New requirements mentioned in the R6 WI sheet [3] are video to speech fall-back due to radio conditions e.g. when all current & neighbour 3G cells are overloaded or at 3G to 2G handover. 

Enhancements to SCUDIF are a potential candidate when the CN architecture is R5 and supports BICC. Dual call and Redial are also potential candidates and have the advantage to be supported on a R99 CN architecture.

This contribution is trying to give pros and cons to these two solutions that work on a R99 CN architecture. 

2 Discussion

The sections below are intended to compare Dual Call and Redial, which are the solutions not requiring a R5 CN architecture i.e. without the need of BICC. 

2.1 Dual Call solution

Dual Call is at first glance the fastest way to switch from video to speech since the main principle consists in establishing both speech and video paths in the CN in parallel. However, it has several constraints, which are described below depending on whether the video call is requested by the user on top of an already established speech call or directly as the first call.

A- Video call requested by the user from an already established speech call (after an agreement with the other user)

Billing issues

1- When the call corresponds to a path that crosses a fixed network (e.g. France Telecom), two 64 kbit/s circuits are established. The mobile operators will have to adjust their charging policies to give the user the intended billing. 

2- Moreover, a correlation has to be performed between the speech call and the video call in the mobile network.

Supplementary services 

1- Even if it is not an important constraint, call hold (for the calling party), and call wait (for the called party) must be activated for speech and video.

2- Voice and BS30 services must be forwarded to the same entity, except for answering machines.

Calls to/from IP users 

1- To establish the video call while engaged in the speech call, when the calling party is an IP terminal, it must be able to support H.450 HOLD supplementary service; and when the called party is an IP terminal, it must be able to support the H.450 WAIT supplementary service. The gatekeepers must support both H.450 HOLD and WAIT services

2- At fallback from video to speech for e.g. radio conditions, the message DISCONNECT [video] is sent to the IP terminal. This requires the implementation of a specific "automatic" RETRIEVE [speech call] in the IP terminal, because the user is not aware of the event at mobile side.

Calls to/from H.324 fix users

Same kind of issues as for IP users. 

B- Video call established automatically once the speech call has been setup

1- Call setup delay is increased by several seconds, corresponding to the HOLD procedure, followed by a modification of the RAB ordered to the UTRAN. However, this additional delay is not equivalent to a full call setup since authentication and paging procedures are not required in a Dual Call.

2- A called user with Dual Call mobile is rang when the speech call arrives. At hook-off, that speech call is put on hold for several seconds before being switched to video call. The called user hears nothing in most of the cases, and would probably hook-on before the video call is established. 

3- Moreover, when the called user has a R99 mobile, it has to accept the video call manually. But this would be strange to the user to receive a speech call immediately put on hold for a while with no specific indication, and would be rung a second time for a video call he has to answer to. 

4- When the called user has a non-capable video mobile, it would be put on hold for several seconds before being sent back to speech call. He would probably hook-on as well. 

5- Automatic dual call does not work properly if CLIR is activated because correlation between the established speech call and the incoming video call is needed in the terminal, and CLIR is not service dependent. This means CLIR must be deactivated for all the services. 

6- Since the speech call is established first, the speech answering machine will answer first. There is no financial profit from video answering machines.

7- With different answering machines for speech and video: Even if the speech answering machine is put on hold immediately, there is a problem if the video call cannot be setup or is released due to radio reasons. Indeed, the call goes back to speech answering machine, but part of announcement has been lost. The user would not understand.

Conclusion: 

Dual Call is appropriate for speech to video switching on user request i.e. when a speech call has been previously setup, assuming some restrictions on supplementary services and fix users networks and terminals support HOLD and WAIT supplementary services. It is also appropriate for video to speech switching either on user request or due to radio conditions. 

Dual Call is not appropriate for a video call established automatically after speech call has been setup. However, the direct request of video call by the user can be setup as in R99 without fallback.

2.2 Redial

Billing issues

No particular billing issue is foreseen since no correlation is required between video call and speech call.

Supplementary services

There is an issue when speech and BS30 forwarded to different entities (except mailboxes).

Performances at video call setup

No additional delay at direct video call setup, 

But a long delay to switch manually from speech to video.

Performances at video to speech fallback 

The switching delay when the video call is lost because of radio conditions can be huge in certain situations

1- First, it is necessary to wait for the normal Radio Link failure before going to idle mode. Otherwise, a handover to another 3G cell in video would be jeopardised: the mobile and the UTRAN would have tried a handover before, i.e. the received power would have been below the configured measurement threshold, the mobile would have performed measurements under cells chosen by the UTRAN, and the UTRAN would have decided to do nothing because video call could not be handed over. 

2- In the redial solution, no handover is performed but only a cell reselection by the mobile. This may take a lot of time because most of the time the RRC connection of the current cell is lost and current cell cannot be selected, the mobile has no knowledge of neighbour cells since it was in CS-connected mode prior to the RL failure. In the case of a 2G cell reselection, frequency scan would take about 2 seconds. Then comes the LA Update procedure, which requires authentication and ciphering. Several more seconds are expected.

3- And eventually, the speech call has to be setup, requiring again authentication of both calling and called parties, as for a normal setup from idle mode.

Conclusion: Redial is not appropriate for video to speech switching because it leads to an unacceptable delay for the users. Indeed, such a delay can goes up to 20-30 seconds and users would probably have hook-on before the switching to speech.

3 Proposal

It is proposed to include section 2 in clause 6 “Comparison of the different mechanisms “ of the Technical Report [1]. 

4 References

[1] 3GPP TS 23.172 v5.1.0, Technical realization of Circuit Switched (CS) multimedia service UDI/RDI fallback and service modification

[2] 3GPP TR 23.8xy v0.0.1, Potential Mechanisms for CS Domain Video and Voice Service Improvements

[3] S2-041044, Work Item Sheet “Circuit Switched Video and Voice Service Improvements”

