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Background

In the Innsbruck meeting document S2-040296 raised questions on the usability of CS Video Telephony. It has the important goal to provide an user-friendly solution for fallback to a Voice-only call during a Video Telephony call, when it fails or breaks down due to poor radio quality or loss of coverage or handover to 2G. 
In addition, the users should have simple means to switch between Voice and Video during the call.

The review of S2-040296, especially the "Dual Call" sub-chapters, from a standardization and implementation perspective has, however,  caused questions and concerns, e.g. in the end user experience of increased video call set up delay,  in standardization efforts and in the time frame for network and UE deployment. 

Therefore Ericsson has investigated to find other solutions to the problem and outlined a mobile terminal centric solution that has the advantage of no implementation impacts to the network. 
It would therefore be substantially faster available on the market. 

This new proposal is called "Re-dial" and should be seen as an alternative to the Dual Call approach. According to our current analysis this Re-dial solution would not provide a noticeable difference for the end user, compared to the Dual Call solution. 

Outline of the Re-dial Solution
Let's assume we define a new "Behavior" for the terminals:  "Voice or Video". This Behavior is only known to the terminals, for the network it is just a concatenation of two existing, independent services: "CS Voice Telephony" and "CS Video Telephony".  Note: Of course Video telephony includes always the voice component as well, but in a different transport mechanism.

Let's further assume that this new Behavior may have a series of user options (here the default ones are underlined), like:
 

· "provide A-Party number to B-Party", or the opposite 


· "automatically re-dial voice", or the opposite:
"user confirmation required for re-dial of voice".


· "automatically accept incoming call", or the opposite: 
 "manually accept incoming calls".
This automatic accept mode should be active during a time-out window of e.g. [10] seconds after the previous call from (to) the same A (B) number was terminated.


· maybe more, whatever is helpful for a smart user interface.


Let's also assume that the user interface offers a "key" or "button" (or other simple means) to initiate toggling between Voice Telephony and Video Telephony during the call by the users.

Call Setup

A user may start directly with a video call or, as it is typically not known, where the called party (B-party) is roaming and what radio conditions it perceives, it may be reasonable to start the call in Voice Telephony mode. In case the user wants to start directly with a Video call, but the call setup for 64k UDI  is not possible in that moment, then the terminal could automatically attempt a voice call instead. After a while the called party will be found and will accept the call manually. Let's assume Voice Telephony is now established and the parties can chat and agree whether or not they want to share their videos as well.

 From now (call established) on the selected automatism for voice/video toggling and fall-back to voice applies. This is independent of in which sequence (video first or voice first) the call was set up.

During the Voice session the terminals could/should monitor the 3G coverage and indicate, whether Video support is available or not. The users can then decide to toggle to Video telephony, when Video coverage is given. It can be assumed that the users communicate to each other to verify that also the distant partner has good Video coverage, before they try to establish / re-establish the Video telephony session.

There should not be any automatism to reestablish a lost Video call (abnormal termination) as Video call again, because the likelihood to succeed may be too small.

Behavior for User-initiated Toggling between Voice and Video

Toggling between Voice Telephony and Video Telephony on user demand is possible by a simple key-press. 

For every toggling the ongoing call type is terminated and the alternative call type is established by the side that initiated the toggling. Both, the A-party and the B-party, could initiate the voice to video or the video to voice toggling. According to the selected user setting the called terminal will automatically accept the incoming call, when it is received from the just terminated other party within the time-out window. After that time-out window has passed, the called party must accept it manually (rare case).

If the A-party or B-party terminates the call intentionally, then of course the terminals stay idle without re-dial attempt. The A-terminal may also stay in idle, when it gets informed by the MSC that the call was terminated on the B-side intentionally (normal call termination), or when a Voice call was abnormally terminated.

In any other case of  (abnormal) Video call termination the A-terminal tries to reestablish the Voice call and the B-terminal accepts it automatically.
Behavior for Network-caused Fallback from Video to Voice

When the originating UE (the A-party) of the ongoing Video Telephony call looses radio connection or the call is dropped due to radio problems on the distant side (abnormal call termination), then the originating UE can display ‘Video lost, reestablishing Voice!’ for the user’s attention. Then the originating UE reuses the E.164 number, as of the previous Video call, to set up a Voice call to the same previous end user. If the originating user presses 'No' in that phase, then the originating terminal remains/goes idle and no fallback to voice will occur.

The terminating network and the terminating UE of the distant user applies normal voice call terminating and establishment procedures, e.g. paging, alerting and answer. The called terminal, however, accepts the incoming Voice call from this A-party automatically, as long as the re-dial comes within the time-out window.

A terminating UE (the B-party) that looses radio contact or understands that the Video call is dropped for other reasons, should only apply normal call clearing procedures and wait for a potential re-dial attempt of the A-party. 

There is a case where the B-user experience bad Video quality and want to switch to Voice, but the RAN on his side has no problem to keep the UDI 64 up. Then either the B-user has to release and start the voice call (see above) or he can ask the A user to do it.

Discussion of the Re-dial Solution

The strength of this Re-dial procedure is that it covers all situations, where the radio connection may be lost, e.g. due to movement from good 3G coverage into ‘fringe 3G coverage’, as well as UE movement from good 3G coverage into 2G coverage (e.g. at a corner or entry into a building). 

Another benefit is that standardization-wise nothing needs to be specified in 3GPP and so not network impacts arise.  The most important positive effect is fastest possible deployment.

The implementation of the UE procedures is of minor complexity and only affects the application layer, not the platform. It may be reasonable to agree on a common behavior of terminals to give end-users a similar look and feel on different terminals. But this is not that essential.

Interoperability with existing 3G terminals with currently defined separated voice and video support is given. Of course these existing terminals will not automatically re-dial, nor automatically accept incoming calls. The full blown solution will only work between terminals that support this new Behavior  "Voice or Video".

Often it will be the user that decides to fall back from Video to Voice, long before the terminal or network disconnects the Video call due to a loss of the radio channel.

One question remains – as in all other proposals – on the charging model for this toggling services.

Comparison of the “Re-dial” solution and the “Dual Call” solution

Video call setup

The Dual Call solution has a longer delay in Video call setup as it requires the terminal to first establish a voice call, put it on hold and then establish the Video call.
The Re-dial solutions let's this to the disposal of the users. They may directly establish a Video call.

Use of Network and Radio Resources

The Re-dial solution uses always only one bearer for one service at a time. No special care must be taken for more than one call or bearer during any kind of handover or whatsoever.

Switch from Video to Voice

Both solutions results in a silent period of some seconds, the Dual Call solution is maybe somewhat faster, but the Re-Dial solution is only some seconds worse. Optimisation seems possible.

Switch from Voice to Video

Both solutions have equally long delays to first setup the 64k bearer and then the Video application by inband signalling. Optimisation seems possible.

Supplementary Services

Currently defined and existing Video interworking and conferencing equipment does not support toggling between Voice and Video. Therefore the Dual Call solution can not be used for these Services. Also the Re-dial solution would have to start with Video to be compatible – and not attempt to switch to Voice during the service.

Standardisation impact 

The Re-Dial solution requires no modifications of existing 3GPP specifications.

Potentially a standardisation or guidelines of the UE behaviour may be useful.

Although the Dual Call solution mainly use standardised procedures and protocols, there are new behaviours introduced in several nodes, which makes the introduction substantially more complex and delayed.

Conclusion

The Re-Dial solution:

· Is faster than Dual Call at Video call setup (if it starts immediately in Video mode)

· Is compatible to existing terminals (!)

· Is compatible to existing supplementary services

· Has same timing as Dual Call, when toggling from Voice to Video Telephony

· Is only slightly worse than Dual Call at fall back from Video Telephony to Voice

· Works in all call scenarios (loss of coverage, handover to 2G, ...)

· Requires no 3GPP standardisation

· Requires no network upgrades

· Has the same open question on the charging model

Proposal

It is proposed that SA2 accepts the Re-Dial solution as the early solution  for  toggling between CS-Video Telephony and CS-Voice. In addition SA2 should discuss and agree if/how the UE behaviour (and the events/cause codes that triggers the behaviour) should be documented.


































