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1. Introduction

This document attempts to provide text for section 4.2 of TR 23.903.

2. Proposal
It is proposed that the following updates are discussed, probably revised and then included into the TR 23.903.

The text includes comments and highlighted text which either requires decisions to be made or is definitely requiring discussion.

_________________________________________________________________________________________

4.2 User initiated switching during an established call

4.2.1
Signalling flows and procedures
The successful case of the "B party initiated switch to video" for UMTS is illustrated in Figure 1. 
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Figure 1: B party initiated switch to video
0)
The UEs are in a voice call initiated by UE A. Following verbal dialogue between User A and User B, they agree that a switch to video is likely to be successful (e.g. because both User A and User B have video capable handsets, and, they both have "using 3G" indications visible on their screens). The User of UE B pushes the "switch to video" button (or uses other MMI that provides the same functionality) and stores the CLI of UE A for use in step 7.
1)
UE B releases the voice call using a specific cause value and/or including User-User signalling that indicates that UE B intends to establish a video call to UE A.
2)
MSC B sends a PRI message to MSC A with a release cause, e.g. "re-establishment with new Bearer capability expected". This is followed by a REL message with the same release cause value, and with User-User signalling. This cause value in the mandatory REL message might be changed by transit networks prior to arrival at MSC A. Similarly, the User-User signalling might be discarded.
3)
MSC A sends a REL message to MSC B.

4)
MSC A releases the voice call with UE A. If User-User signalling is available, then this is sent in the Disconnect message. The Cause value is derived 
from the PRI message (if it was received), or the REL message (if no PRI message was received).
5)
MSC B and MSC A locally release the Iu connections to RNC B and RNC A (assuming that there are no other CM connections active). RNC B and RNC A then release the RRC connections (assuming that their mobiles are not in PMM connected state).

6)
UE B and UE A camp on suitable cells and perform the required idle mode tasks. These tasks can involve Location Area and Routeing Area Updates by either UE A and/or UE B.
7)
UE VA (formerly UE B) initiates RRC connection setup and sends the Setup message for the video call to MSC B. The Called Party number is the one stored in step 0.
8)
MSC B requests the allocation of radio resources.

9)
If radio resource allocation was successful, the IAM message is sent to MSC A and the Call Proceeding message is sent to UE VA.

10)
MSC A pages UE VB (formerly UE A). UE A responds by establishing an RRC connection and sending the Paging Response message to MSC A within the RRC-Initial Direct Transfer and RANAP-Initial UE messages. MSC A then sends the Setup message for the video call to UE VB. The Setup message carries the CLI of UE VA.
11) UE VB confirms its capability to handle the video call in the Call Confirmed message and MSC A requests the allocation of radio resources.
12)
If the radio resource allocation was successful, UE VB sends an Alerting message to MSC A. MSC A sends the ACM message to MSC B and MSC B sends the Alerting message to UE VA.

13)
User VB answers the video call. For privacy reasons, this ‘switch to video’ answer function should not be automated. (For switching from video to voice, this answer might be automated.)
14)
The video call is established.

With obvious small differences, the above procedure is also used for switching from a video call to a voice call.

The same procedure is also used if either or both UEs are using GERAN, however, the radio resource allocation in steps 8 and/or 11 are unlikely to be successful unless they include a ‘service based’ handover to UTRAN. 
Editor’s note: should we add a signalling flow for service based handover?
4.2.2
Technical requirements

4.2.2.1
General
This section describes solutions to issues raised in the preceding section.

4.2.2.2
Detection of video calling capability
As a minimum, it will be useful if mobiles can indicate whether they are using UMTS for their ongoing voice call. 
However additional functionality would be useful, specifically:

-
when using UTRAN, an indication of whether 64 kbit/s video can be supported in the mobile’s current location;

-
when using GERAN, an indication of whether UMTS coverage is available, and, ideally whether the UMTS coverage can support 64 kbit/s video
.

4.2.2.3
Calling Line Identity
To make this feature work smoothly, CLIs should not be restricted, and, Single numbering schemes should be used (ie the user’s video-phone and telephone numbers need to be the same.
Any impacts on Camel based number translation, e.g. for office VPNs are for further study.
4.2.2.4
Indication of likely redial attempt from the UE-VA
It will be useful if the ‘disconnecting’ UE can indicate to the other UE that its user wishes to immediately re-establish communication with another media type.

Within the disconnect message there are several possibilities for the UE to signal to its MSC:

a)
use of a new cause value (or re-definition of an existing one); 

b)
use of a diagnostic field attached to an existing cause value;

c)
use of User-User signalling;

d)
use of the Facility IE;

However, the main difficulty is in propagating this information to the other MSC and then onto the other UE.
Given that the ISUP REL message does not transfer Facility information, and, that many operators do not use the User-User signalling functionality, then the use of Cause values and/or diagnostics seems the most promising method. However, even Cause values get modified by transit networks, and hence the use of the PRI message needs examination.
Editor’s note: Dialogue with CN 1 and CN 3 is suggested to identify suitable cause values/diagnositcs that can interwork with ISUP. 
4.2.2.5
Use of PRI message

The compatibility information on this ISUP messages mean that intervening exchanges should pass it on without modification even if they do not understand this message
. Hence if there is an end to end ISUP connection, and the two MSCs support the PRI message, then it should provide good functionality for transferring the cause value [and diagnostic information
].
As part of the feature it is strongly recommended that the MSC supports the PRI message.
4.2.2.6
Reduction in idle mode tasks

Before being able to make an outgoing call, or, being able to receive an incoming one, UE VA and UE VB need to be Location Updated in the LA of their serving cell. Additionally, CS paging for UE VB may be lost if UE VB is performing an RA update.

Thus for this feature to work successfully, it is important to reduce to a minimum the need to perform LA and RA updating upon release of the RRC/RR connection.

Ideally UTRAN radio coverage would be perfect and mobiles would never need to have their voice calls handed over to GERAN. However this is an economically unrealistic proposition. In addition, operators require freedom to move traffic between RATs and to run different strategies as to when and if voice calls are returned from 2G to 3G coverage.
As a consequence it will be important to have mechanisms to return the UE to a cell within the LA and RA where the RRC/RR connection started. 

This functionality can  be provided by the Release 6 GERAN specifications (see CRs in GP-040542 and GP-040518) and by Release ’99 UTRAN functionality (if the UE needs to be camped on a 2G cell following RRC release in 3G).
Given the moderately high chance of UEs being camped on 3G cells but having voice calls handed over to 2G, it is strongly recommended that UEs and BSCs implement the above Release 6 GERAN CRs.
Editor’s note: should we ask GERAN about permitting older mobiles to implement this functionality?

4.2.2.7
Auto-answering
For privacy reasons, auto-answering for voice to video switching should be avoided.

Some recommendations should be developed for auto-answering for video to voice switching, for example, it is recommended in the case that the CLI matches and should be avoided if the CLI does not match.
4.2.2.8
Service based handover

If one (or both) of the UEs establishes its RR connection in step 7 using GERAN, then a handover to UTRAN will be needed to support the 64 kbit/s bearer.

In order to achieve this, the MSC shall send an A interface Assignment Request message to the BSC with the [Channel Type set to transparent data, 64 kbit/s] and including the [Service Handover IE set to "Handover to UTRAN or cdma2000 should be performed"]. The BSC shall then gather measurements of neighbouring cells and shall either send an appropriate Handover Required message (with a UTRAN target cell) or shall send an Assignment Failure message to the MSC.
4.2.2.9
Camel based services triggered by call release

Release of the call in steps 1 and 4 can trigger other services, for example, voice mail delivery attempts and/or Call Completion to a Busy Subscriber. These services should have been designed to permit customers to make ‘one call followed by another’, however, increased usage of closely coupled calls might mean that these other services need re-tuning.
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