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1. Introduction
This document is a combination of S2-041312 (Alcatel), S2-041315 (Vodafone), S2-041319 (Siemens) and S2-041324 (Ericsson). The aim is to describe here the original idea of the minimal Redial version. All other improvements with serious impacts on RAN or CN should be described in another section.

According to the Work Item “Circuit Switched Video and Voice Service Improvements” in the following the “Idle Mode Redial” mechanism is described, an example information flow is shown and advantages as well as open issues are described.

It is proposed to add the description to the study TR.
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5.3
Mechanism 3:
Idle Mode Redial

5.3.1
Description

This simple “Idle-Mode Redial” mechanism is a combination of existing standards and services, Voice call and Video call, in a “terminal-centric” way, i.e. without any or with only minimal additional support by the RAN or CN. The MMI on the UE initiates automatically or on user request the setup of a Voice call, when the Video call fails. The MMI on the UE releases the active service and initiates the setup of the alternate service, when a user requests a service change. It is subject to the various terminal implementations how smart and efficient the service setup and the service changes appear to the user. The user’s MMI may provide different terminal options and preferences, which control the automation of Redial and call acceptance in case of user-initiated service change and network-caused Video call release. 

The operator may optimise the behaviour by keeping dual-mode terminals as much as possible in UTRAN.

Definition: In the following the calling user and his terminal are named “user A” and “UE A”; the called user and his terminal are named “user B” and “UE B”.

Assumptions:
At call setup the MMI offers (somehow): 
“Setup Voice” and “Setup Video”.
During a Voice call the MMI offers:
“Terminate Call” and “Change to Video”.
During a Video call the MMI offers:
“Terminate Call” and “Change to Voice”.

If a call is terminated by user B, then UE A will get the release cause “normal termination”.
The same release cause will be received by UE A in most networks, when the Video call cannot be maintained any longer. Only in networks with enhanced MSC-MSC and MSC-UE signalling the cause code “service not longer available” may be received by UE A, when the network releases the Video call.

Detailed description:
UE B shall never initiate an automated Redial, when a call is released. 
UE B shall perform a Redial only on explicit request by user B.

If a Voice call setup fails, then no automated Redial shall be initiated.

If a Voice call is terminated by the users or released by the network, then no automated Redial shall be initiated.

If a Video call is terminated by either user, then no Redial should initiated.

UE A may initiate an automated Redial in one of  the following situations:
a) Automatic fallback to Voice when the setup of a Video call is not possible,

b) Automatic fallback to Voice when the Video call is released by the network,
and the release cause “service not longer available” is received by UE A,

c) User A initiated a change from Video to Voice,

d) User A initiated a change from Voice to Video.

UE B may initiate an automated Redial in one of  the following situations:

e) User B initiated a change from Video to Voice,

f) User B initiated a change from Voice to Video.

In case a) UE A initiates automatically the setup of a Voice call with UE B, when the Video call attempt fails. The reasons may be that UE A has no Video coverage, or UE B does not want to accept the Video call, or UE B might be not capable of receiving a Video call, or UE B might be unreachable for a Video call or it might be not reachable at all. If the Redial attempt of a Voice call fails, then no further attempt is performed.

In case b), when the ongoing Video call is released with “service not longer available”, 
then UE A automatically initiates a Redial of a Voice call to the B-number. If this Redial attempt fails, then no further attempt is performed. If this release cause is not supported by the network or UE, then an abnormal call release by the network cannot be distinguished from an intentional call termination by User B. In that case UE A may prepare and offer to Redial a Voice call, but should not automatically initiate the Redial, unless user A confirms it.

In cases c), d), e) and f) either user A or user B may initiate the change in either direction.
On user A request (“change”)  UE A initiates a termination of the ongoing call and then initiates a new call of the alternate service to the same B-number. UE B performs normal call clearing and call accept procedures. 
User B may only initiate the change, when the caller line identification has indicated the A-number. 
On user B request (“change”) UE B initiates a termination of the ongoing call and then initiates a new call to the A-number. In that case UE A receives the cause code “normal termination” and  performs normal call clearing and call accept procedures.

Note: when the change is successfully initiated by user B, then this user becomes automatically the calling user for the new call. This has implications on the charging and the behavior of the UEs.

5.3.2
Automated Fallback from Video to Voice

When UE A in an ongoing Video call looses radio connection or the call is released with cause “service not longer available”, then UE A may display ‘Video lost, reestablishing Voice!’ for the attention of user A. Then UE A reuses the B- number, as of the previous Video call, to Redial a Voice call to the same previous UE B. If user A presses 'No' in that phase, then the terminal remains/goes idle and no fallback to Voice will occur.

The terminating network and the terminating UE B apply normal (Video) call termination and (Voice) call establishment procedures, e.g. paging, alerting and answer. UE B may display “Video lost, accept Voice?”, when it receives the incoming Voice call from the previous UE A. Alternatively it may accept the incoming Voice call from UE A automatically, as long as the Redial comes within a time-out window. If user B presses 'No' in that phase, then the terminal remains/goes idle and no fallback to Voice will occur.

When UE B looses radio contact or understands that the Video call is dropped for any other reason, then it only applies normal call clearing procedures and waits for a potential Redial attempt by UE A. For a short while UE B may display “Video lost, waiting for Voice?” and user B may already now decide to terminate the session.

The signaling flow below shows this automated Redial in case of radio resource degradation at RAN B. It assumes that an optional ISUP “PRI” message is sent between the MSCs with the cause code “service not longer available”. Without that PRI message the REL message should indicate a proper release cause. Otherwise MSCA can most likely not distinguish between normal and abnormal call termination by the B-side. Both, the transfer of PRI messages and the modification of release causes are subject to operator policies. Their usage is therefore for further study. The signaling flow also assumes that MSC A informs UE A about normal or abnormal call termination (“service not longer available”). Without that differentiation between normal and abnormal video call termination UE A should not automatically perform a voice call redial, but wait for confirmation by user A.
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1. After potential handover/relocation trials RNC B finally detects that for UE B the 64k bearer cannot be maintained any longer. RNC B then sends the Iu RELEASE REQUEST message to MSC B, indicating that the Iu  should be released.


2. MSC B sends an optional PRI message to MSC A with a release cause, e.g. “service not longer available”. This is followed by a REL message to the MSC B. This mandatory REL message contains a second release cause, but this might be less precise than the other one.
3. The MSCs send Disconnect messages to the UEs with an error cause indicating “service not longer available”.  This error cause is of no relevance for UE B, because it anyway shall not Redial. If this cause code is not send or understood by UE A, then UE A cannot decide, whether to Redial or not. In that case user A should first confirm the Redial attempt (not shown here).

4. MSC A sends a REL message to MSC B.

5. The UEs release the Video Call.

6. The MSCs confirm the release of the Video Call.

7. The MSCs request the release of all resources.

8. The RNCs confirm the release of all resources.

9. When the signalling connections with the UEs are released it may take some time before an UE can place or receive a new call because of cell selection and registration procedures. 

10. UE A, which received for the Video call the release cause “insufficient radio resources”, sends a SETUP message to MSC A to setup a Voice call.

11. A RAB Assignment Request message is sent from the MSC A to the RNC A, requesting the setup of a RAB for a Voice call.

12. The radio bearer is established between RNC A and UE A.

13. RNC A responds to MSC A with an RAB Assignment Response message.

14. MSC A sends an IAM message to MSC B to establish a Voice Call with UE B.

15. MSC A sends a Call Proceed message to UE A.

16. The MSC B sends a Setup message to UE B indicating the establishment of a Voice Call.

17. UE B sends Call Confirmed to MSC B.

18. The RAB Assignment Request message is sent from MSC B to the RNC B, requesting the establishment of a RAB for a Voice Call.

19. The radio bearer is established between the RNC B and UE B.

20. RNC B responds to MSC B with a RAB Assignment Response message.

21. UE B sends Alert message to MSB B.

22. MSC B sends ACM message to MSC A.

23. User or UE accepts the Voice Call and UE B sends Connect message to MSC B.

24. MSC B sends ANM message to MSC A.

25. MSC B sends Connect Ack message to UE B.

26. MSC A sends Connect message to UE A.

27. UE A acknowledges with a Connect Ack message to MSC A and the Voice call is established.

5.3.3
Advantages of the mechanism

The strength of this simple Redial behavior 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. 

It is up to the users whether they first set up a Voice call and change then – after verbal agreement – to Video, or whether they directly try to establish a Video call. The direct call setup time for Voice is as fast as today. The direct call setup for Video will be as fast – if successful – otherwise the Redial will setup the Voice call some seconds delayed, but without additional effort by the user. This can be judged as a major benefit for the user. Also just the fact that they get a “connection” rather than a “failure” is much more appreciated.

The Redial 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. This is important for operators.

Redial after loss of radio coverage for Video results in a silence period of some seconds, before the Voice call is re-established. It can be assumed that the Video call was released in the coverage area of an UTRAN cell. With quite high likelihood this same UTRAN cell will have sufficient resources to setup the Voice call, because the Video call just released substantial radio resources. It seems to be quite unlikely that the UE can move out of the UTRAN cell during the Redial attempt. Therefore the fallback from Video to Voice will in most cases succeed. This is an important benefit for the users.

Without the mentioned cause code “service not longer available” an automatic Redial by UE A after network-initiated Video call release is possible, but then also a Video call termination by user B would result in a Redial attempt by UE A – and this is not wanted.
All existing Video interworking and conferencing equipment as well as Voice supplementary services can be used, but without change  between Voice and Video. 

Fallback and Voice/Video service change are accomplished with no or minimum new network functionality, optionally added to Video call functionality. 

The application or MMI that combines Voice and Video call on the UE is comparably simple.

Redial interoperates also with UEs that implement Voice and Video services completely separated. And it interoperates with non-Video UEs and with fixed network Video terminals.

The most important positive effect is fastest possible deployment.

5.3.4
Issues that need to be resolved

To allow for automated Redial and to support automated call answering in case of network initiated video call release the release messages need to or should indicate proper release causes on ISUP and from MSC to UE, e.g. “service not longer available”. This might require the sending of an ISUP PRI message, as causes indicated by ISUP release messages are typically modified at network borders. Otherwise, if these  proper release cause codes are not available, then the network initiated release of the Video call cannot be distinguished from the normal call termination by user B. 

User-initiated change between the services will, however, work well with existing messages. And, as it can be assumed that the users will anyway initiate a fallback from Video to Voice in case of radio resource degradation before the call is released by the network, it does not seem to be a big disadvantage, if these release causes are not always available. The user changes the services most likely before the network has to release the video call.

Alternatively User-to-User signaling could be used to inform the distant UE about a user-initiated call modification or termination. With that U-to-U signaling no additional ISUP messages like PRI would be needed. But also U-to-U signaling is not always available today.

The majority of the fallbacks are quite likely already at Video call setup, so that the UE performs the Redial in the cell where the Video call setup was initiated. This early fallback without cell change is likely as the majority of the UEs are GSM or other terminals that are not Video capable. Furthermore Video capable UEs are not always in UTRAN coverage for Video and also user B may refuse the Video call. Once a Video call is established the user is probably not moving too much as being engaged in a Video call makes it difficult to walk or drive a car. 

It remains the change of a Voice to a Video call, which may be delayed because of cell changes during the Voice call. The delay to setup a Video call from an ongoing Voice call may be long. 
The called user can only refuse the Video call and not indicate that also the Redial of a Voice call will not be accepted. Only when the Redialled Voice call is also rejected by the B-party, then no further Redial is attempted.

Other transactions may delay or prevent Redial, e.g. waiting calls. But this will anyhow be a problem that the user has to sort out

Race conditions might occur, when both users initiate a service change in parallel. The users will have to learn to agree on changes beforehand by verbal communication. This is anyhow a matter of etiquette. Probably the MMI could give some support.

The user that initiated the service change will be charged for the service that is setup by the service change.

Supplementary services like call forwarding, barring, roaming restriction should be configured for Voice and Video with the same settings, which enables both services to reach the same endpoint in case of Redial.

The use of service based handover between GERAN and UTRAN may cause additional implications. If one or both terminals are in GERAN, then first a service-based handover to UTRAN must be performed – if possible, and potentially on both radio legs. 

It might be an operator’s strategy to keep dual-mode terminals preferably in UTRAN also during voice calls. If it still ended up in GERAN, then Video is just impossible! in that moment and the change will not be attempted and the Voice call is not interrupted. The user, who tried to change to Video can be informed accordingly. But typically the users should see on their displays, whether they are in “3G coverage”or not – before they try to change to Video. 

Charging data are collected only for the individual services. This requires additional effort when combination to a Voice/Video service is needed. 
The duration of a fully automated service change when the Video call is lost due to degrading radio conditions can be considerable in certain situations, especially when the users do not act themselves. First, it is necessary to wait for the normal radio link failure, before automatically going to idle mode. Otherwise, a handover to another 3G cell in Video would be jeopardised: the mobile and UTRAN would have tried a handover, i.e. the received power would have been below the configured measurement threshold, the mobile would have performed measurements under cells chosen by UTRAN, and UTRAN would have decided to do nothing, because the Video call could not be handed over. This is a problem for all solutions.
Further: when a GSM or UTRAN mobile releases its last connection with the MSC, it enters a state where it waits for the MSC to release the radio connection (RR connection in GSM; RRC connection in UTRAN). 

Following the release of the radio connection, the mobile has to complete various tasks before it is permitted to initiate a new call. These tasks can include receiving information broadcast by the serving cell, measuring neighbour cells, performing Location Area Updates to an MSC, performing Routeing Area Updates to an SGSN; performing inter Radio Access Technology changes, etc., and they can take a long and variable period of time. During this time UE A and/or UE B may be unable to make or receive calls. These effects can make the Redial service unattractive to the customer.

The necessity (or otherwise) to perform a location update largely depends upon the operator’s strategy. One such strategy is to use the 2G capacity for Voice calls and to keep the 3G capacity for data. In this scenario, mobiles camp on 3G cells, start their Voice calls on 3G and are then handed over to 2G. If the 2G and 3G cells are on different MSCs, then they will be in different Location Areas and Routeing Areas. In this scenario Redial can systematically lead to a time consuming sequence of 2G Location and Routeing Area updating followed by 3G Location and Routeing Area updating. Another strategy could be to keep all dual-mode terminals as long as possible in UTRAN. Then everything is substantially simpler. This might be especially interesting at the beginning of UMTS services, where radio capacity is not the primary issue, until a better Voice-Video swap is available.

The largest component of delay and delay variation is likely to be caused by overlaid, not identical 2G and 3G Location Areas. One solution to this problem is contained in the recently agreed release 6 GERAN changes to 44.018 and 45.008 (see GP-040518 and GP-040542), which permit the BSC to “release the mobile and ask the mobile to camp on 3G”. By using this enhancement, a mobile that started a Voice call on 3G, was inter-MSC handed over to 2G, and then released, could immediately return to 3G and avoid the need to perform Location Area and Routeing Area Updates. 

Although this is a REL-6 change, there is nothing to prevent the BSC from sending this information to R99, REL-4, REL-5 mobiles (in fact, the mobile does not indicate its support/non-support of this feature to the BSC, and so upgraded BSCs will send this information to older mobiles). However, strictly speaking, an R99 mobile that acted upon this information would be failing to comply with the letter of R99 05.08 (but existing test specifications should not be impacted by an UE that did implement this REL-6 feature).

For other operational scenarios (e.g. camping all mobiles on 2G, and inter-MSC hand over of Video calls to 3G), the RRC signalling appears to contain signalling, which is able to push the mobile from 3G to 2G when the UTRAN channel is released (see 25.331 section 10.3.8.15, “RPLMN information”). 

Note that the A and B party networks may be different and neither operator should have control over the operational strategy of the other operator. 

Different time delays at the separate ends of the link will make it difficult to provide high success rates for Redialled calls. It is likely that two attempts at re-establishing a Voice call may be needed to ensure high probabilities of success. The timings of these attempts need to be evaluated.
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