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0.
Summary

As agreed in the closing plenary session of SA 2 #41, a telephone conference was held on 23/9/04 to help make progress on this Work Item.

A brief report linked to the agenda is given below. Overall, the phone conference seemed to provide a useful discussion opportunity covering most of the open issues with the re-dial TR (TR 23.903). 

Although the phone conference made no formal decisions, it has helped to encourage the production of contributions for this meeting. 

An incoming LS from TSG-GERAN was available to the participants and was partially discussed. It (now numbered S2-043008) needs to be properly treated by SA2 #42 (eg by forwarding to the CS voice and video drafting group).

The “ISUP based SCUDIF” issue was left out from the phone conference’s agenda.

1) Attendees

Vodafone  (Chris Pudney)

Nokia (Harri Koskinen and Matti Jokimies)

Siemens (Frank Mademann)

Alcatel (Nicolas Drevon, Alain Butan)

Nortel (Laurance Lautier, Carole Esculier, Denis Fauconnier)

Ericsson (Yun Chao Hu, Karl Hellwig)

MM02 (Nigel Lobley – part time)

2) agreement of agenda

The draft agenda (sent by email to the SA 2 list) was agreed.

3) List of documents/emails/LSs to be reviewed by the phone conference

-
There is an LS from GERAN in GP-042265

-
This LS is a reply to our outgoing LS in S2-042940,

-
The latest version of the TR 23.903 v1.0.0 is in S2-042939

-
Frank's emailed some comments to the TR about Release causes

-
Chris emailed out a draft for figure 3 of the TR.

4) Open issues within TR

4.1     Detection of UMTS coverage and UMTS 64kbps capability 

        (re section 4.2.2.1 of TR 23.903)   GP-042265

The relevant part of the response from GERAN was discussed. Chris made the point that whether or not a cell had capacity was a matter for the operator planning its capacity: what was needed here, related to “signal strength” style parameters.

It was decided that companies should engage in further discussions with their RAN and GERAN colleagues on this subject.

4.2     How to curtail video call handover to 2G ?

        (re section 4.3.2.1)  GP-042265

This topic was discussed. Because the use of, and the type of, compressed mode patterns impact radio efficiency, it was pointed out that the RNC needs to be able to analyse the RAB’s parameters to decide whether or not it is suitable for handover to 2G. Additionally, if/when GERAN supports CS video, the cell level information will only be available to the SRNC (and not always available in the anchor MSC).

Hence it was agreed that text should be drafted to make the Source SRNC be the point of decision for inhibiting video call handover to 2G. As an interim alternative it was proposed that a note should be added to indicate that the MSC could use the Service Handover IE.

4.3     Drop from 3G video to 2G?

        (re 4.3.1.2) GP-042265

There was a general feeling that the mobile would normally drop the video call while still having 3G coverage that was suitable for a voice call. 

4.4     Synchronisation of RRC release in UE and Network

        (re 4.3.2.3) 

While further work is needed on this subject, there was some believe that it ought to be possible to set the “radio link timeout” parameters such that the customers released the connection before the UTRAN dropped it.

4.5     Inter MSC and 24.008 release cause values etc.

Frank's emailed comments were discussed. The concept that new release causes were not needed attracted broad support.

4.6     How can the B party indicate they want to reject a video call but might accept a voice call?

        (re 4.4.2.2)

Also how to avoid (being) forwarded to a video mail box? Chris commented that it might be possible for the A party to request the MSC-A to set the ‘call forwarding counter’ in the ISUP IAM to a value that prevented any subsequent forwarding: he agreed to investigate this further for SA2 #42.

4.7     How can a B party reject a video call AND indicate that they don't want the A party to "redial as voice"?

        (re 4.4.2.1)

No conclusion.

4.8     if the redial is not working, do we want to prevent the call being forwarded to voice mail? 

        (re 4.3.2.5)

Discussed with 4.6.

4.9     re section 5.3: multi-media ringback tones.

In order to receive these tones, the user plane must be through connected in a bi-directional manner. This means that the video call has actually been “answered”.

4.10    Other open points

None discussed.

5)      other new documents 

Chris’ draft for figure 3 was left for email review.

6)      Who is going to prepare which documents for the next SA2 meeting?

Frank and Chris said that they would provide some contributions.

7)      Do we want to try to send any LSs as a result of this telco? If so, when do they need to be sent? And how to get SA 2 to approve them? 

It was decided that we did not need to send any LSs as a result of this telco.

8)      Minutes of phone call: 

These are this tdoc.

9)      AoB

None

10)     close

Chris thanked the participants for attending and contributing.

