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1
Introduction

This document aims at providing further considerations on the network initiated SCUDIF proposals submitted last meeting in [1] and [2]. 
2
Discussion 

2.1
2 solutions for the same service ?

some bits of history

In SA2 the study on the video->speech fallback was started with TR 23.801 discussion the following possibilities

- 
enhanced SCUDIF (RAN trigger), 

- 
dual call (speech call on hold and setup of video call, with RAN trigger), 

- 
redial with release or radio connection, 

- 
redial using the same radio connection,

- 
SCUDIF with ISUP (In difference to the already specified SCUDIF, which uses BICC codec negotiation for inter-MSC and inter-PLMN signalling, it uses ISUP for inter-MSC and inter-PLMN signalling.) 

The following "common issues" were identified:

- 
trigger for fallback to voice (highlighting the issue that a trigger criterion is hard to define, as service quality is not direct proportional to the radio bearer quality and hinting an alternative to rely on an application based trigger)

- 
trigger for return to video (coverage and radio condition criterions were hinted, avoidance of ping-pong effects mentioned and the preference to ask users before performing the change to video)

The TR was then put to version 1.0.0 and work on it stopped at that stage (SA#24, June 2004).

SA2 discussions on fallback from video to speech continued based on work on TR 23.903 (is expected to be approved in SA#26, currently v120 available, see [3]). This TR concentrates on UE centric "redial" solutions. The discussions in SA2 didn't identify necessary modifications on any interface. 

So, the SA2 recommendation - regardless what happened in CN3 or under which circumstances related SA1 requirements were introduced, foresee an UE centric approach. 

The question is whether the re-dialing solution for video to speech fallback is a sufficient means to cope with almost all service scenarios. 

As far as investigations in the course of drafting this paper have shown it does.

In section 4.3.1.1 "Fallback from UTRAN Video to UTRAN Voice call" the message flow depicts the general mechanism for the redial solution. As a kind of precondition it states:
1.
RNC 2 is configured such that it knows that the local GERAN does not (or does) support video calls (ie does not support 64 kbit/s conversational QoS on the CS domain).

Note: 
for an interim period, an alternative solution is that MSC 2 sets the Service Handover IE to ‘Handover to GSM shall not be performed’ in the RAB Assignment Request message. However, this solution is not future proof if (all or part of) the network’s GERAN is upgraded to support CS Video telephony.

When RNC 2 detects that the 64kbit/s bearer cannot be maintained any longer (e.g. radio link failure,  3GPP TS 25.331), RNC 2 sends either an Iu RELEASE REQUEST message or a RAB Release Request message to MSC 2, indicating that the Iu connection should be released

One can see that a similar trigger than the one for the network initiated SCUDIF solution is need in order to release in time the RAB, return involved UEs to idle mode in order to start re-dial. 

2.2
Considerations on network initiated change back to video

Fulfillig some of stage 1 requirements as written in TS 22.101 seems problematic, i.e. changing back from speech to video might have to deal with privacy issues, as you can't force a user to change back to video again as without user interaction it is dangerous and might even result in eavesdropping; 

as service change takes probably a few (many ?) seconds some users may think the call is released but it changes automatically to another service . 

This issue is discussed in TR 23.903 in section 4.5 as follows:

4.5
Automatic upgrade to video following fallback to voice

This appears difficult to achieve in an automatic manner. However, given the privacy issues associated with automatic switching from voice to video, this does not appear to be a serious deficiency.

For manual switching, good indications of UTRAN coverage, and, its ability (or not) to handle 64 kbit/s video would be useful. This is the same requirement as described in section 4.2.2.1.

Furthermore, it should be highlighted that the main scenario for fallback seems to be a missing/insufficient UTRAN coverage which should not occur in a fully deployed UTRAN network. It is expected that a related indication is given on the UE display and the user may start video when sufficient coverage is re-gained again.

2.3
Is it realisitic to base either solution (redial/modification) on a radio based trigger ?

Current assumption in SA2 (see LS in [4] and discussions in [7]) seems to be that the radio link smoothly degrades and that the RNC should be able to detect this degradation in time.

On the possibilities of an RNC to trigger in time a RAB release / RAB modification (depending on the solution) it can be stated that the "ideal" RNC will try to provide the requested QoS for the ongoing service (e.g. video) as long as this is possible - e.g. by increasing power. I.e. as long as the RNC has enough resources available it should try to keep the requested QoS level and hence the UE is not assumed to suffer from gradual QoS degradation. It is expected that either the call will suddenly drop or that the service quality degradation period is very short. Up to the maximum available power/resource level the requested QoS will be provided by the network. (Note that these statements are in principle applicable for UL and DL).

So the task of the RNC would be to estimate in time when the UE will exceed a certain power/resource level and inform the CN correspondingly. This is functionality today's RNC should be able to provide already.

However, if RNCs implemented a kind of "QoS" tolerance it is hard to assess the implications on the end user service perception without any input provided by codec experts (SA4). This level might depend on the negotiated codec (if there are different codec possible ?)

It might be easier, more flexible and user related to monitor QoS perceived by the user on UE/video application level and trigger the already specified user initiated service change mechanisms. The user or video application can tailor the perceived QoS level at which a service change is triggered. It seems quite more complicated to provide a similar flexibility by network based means.

3
Conclusion & Proposal

It is proposed to discuss the consideration in chapter 2 and to introduce the "network initiated SCUDIF solution" only if significant added value is identified compared to the re-dial solution.
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