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Abstract of the contribution:

The SR-VCC Enhancement using media detection proposal have currently assumed that it is possible to have two media streams active at the same time for the UE, i.e., one old PS media UL and/or DL and one new CS media UL and/or DL. If the INVITE going to the remote UE (UE-B) is a re-INVITE/UPDATE of the previous session, there are several cases where this assumption is not valid, such as:
-
PCC is used with gating control (as only one of the media flows will be active at one single point in time). 

-
One or more IBCF/TrGW or other media anchoring is used on the path.  

-
The remote UE is implemented to simply listen and send to one stream at a time, i.e., when a new SDP update is received, it discards media from the previous source. 

In the above cases, the PS UL / DL media will stop being received/sent when the UE answers with the 200 OK.  The CS UL / DL media will not be allowed to be send until the 200 OK is sent back. It should be noted though that a UE following RFC3264 may listen to the old source until media from the new source is available. However, when sending on the new source, it will stop sending to the old source. 
Depending on where in the network the gating is being done, different delays will be introduced for it. A worst case scenario could be that gating is done in both PCC (or local IMS AG) at the remote UE, and an IBCF in the visited network of UE-A. This would then mean that once the 200 OK is received by the P-CSCF, the P-CSCF will direct the IMS AG or PCC to change the IP address of UE-A, and media cannot flow to the old PS access leg. At this time, the IBCF still have the gating of only allowing media from the PS access leg. This will continue until the IBCF receives the 200 OK, and can update the gating, and at such time, media can be sent from the new target access leg. 
It is not believed to be possible to change the behaviour or put requirements of how the remote side will act. Hence, it is suggested to limit the solution to the case where the remote side is not using PCC, and not media anchoring / gating is done. 
In the above analysis, it has been assumed that the (re)INVITE sent to UE-B is in fact a re-INVITE (or UPDATE) that is supposed to replace the previous media as in the current SRVCC procedures.

Proposed changes to TR 23.856: 

Begin Change
6.9
Alternative 9 – SR-VCC Enhancement using media detection

This alternative proposes a modification of the MGW and MSC Server to support detection of the arrival of the first CS downlink media from UE-B, and triggering the UE-A to handover based on that event.  In the flows included below the slope of the flows indicates the transit time of the signalling and media. The duration of the voice breaks experienced by UE-A and UE-B are shown separately as the downlink voice break and the uplink voice break. 

The current solution is limited to the cases where:

-
PCC with gating control is not used at the remote side 

-
No IBCF/TrGWs or other media anchoring functions are used for the session.  

-
The remote UE is implemented to allow sending and receiving media from both the old source and new source at the same time. 

In other situations, the UL and DL voice break will start at the return of the 200 OK. 

Editor’s Note: In each of the flows below it is for further study whether the uplink voice break starts at the arrival of the INVITE at UE-B.
UE-A is triggered to begin to handover by detecting the arrival of the first downlink CS media packets.The downlink packets are detected by the MGW and an indication sent to the MSC Server to trigger the HO CMD.

The call flow with the new media detect functionality is shown in figure 6.9-1.
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Figure 6.9-1: Non-roaming scenario with new media detect functionality

If no media is detected by the MGW before the arrival of the 200OK then the network should initiate the handover when the 200OK arrives. 
In this new procedure, it is the downlink break that is determined by the time it takes for UE-A to re-tune. However, because this re-tune time is typically shorter than the transit time of the 200OK, it will be the arrival of the 200OK that determines when the first CS uplink data can be sent towards UE-B. In the example above, and typically, this means the uplink break is longer than in the baseline case. Approximately, it is the transit time of the 200OK, minus the media transit time, and so will certainly be at least 100ms shorter than the downlink voice break in the default procedures (since that is the 200OK transit time PLUS the re-tune time.

It is expected that the performance target of 300ms is only exceeded for the roaming scenarios when the network is experiencing peak load. It has the added benefit of reducing the interval between the Measurement Report and the handover command.

In fact, the duration of the break experienced by UE-B can be further reduced by adding a delay between the detection of CS media by the MGW and the MSC Server sending the handover command. This has the effect of increasing the voice break at UE-A, but by selecting an appropriate delay value an appropriate balance between the two voice breaks can be achieved.
An example of this is shown in figure 6.9-2.
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Figure 6.9-2: Media detect function with delay before sending HO CMD
The additional delay extends the downlink break, but shortens the uplink break. By selecting an appropriate delay duration, a balance between uplink and downlink breaks can be chosen. It is expected that it is possible to bring the worst-case scenario voice break in under the target of 300ms.
6.x
Alternative x – SR-VCC Enhancement using media detection

This alternative proposes a modification of  the MGW and MSC Server to support detection of the arrival of the first CS downlink media from UE-B, and triggering the UE-A to handover based on that event.  In the flows included below the slope of the flows indicates  the transit time of the signalling and media. The duration of the voice breaks experienced by UE-A and UE-B are shown separately as the downlink voice break and the uplink voice break. 
The current solution is limited to the cases where:

-
PCC with gating control is not used at the remote side 

-
No IBCF/TrGW or other media anchoring functions are using for the session.  

-
The remote UE is implemented to allow receiving media from both the old source and new source at the same time. 


UE-A is triggered to begin to handover by detecting the arrival of the first downlink CS media packets.The downlink packets are detected by the MGW and an indication sent to the MSC Server to trigger the HO CMD.

The call flow with the new media detect functionality is shown in figure 6.x-1.
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Figure 6.x-1: Non-roaming scenario with new media detect functionality

If no media is detected by the MGW before the arrival of the 200OK then the network should initiate the handover when the 200OK arrives. 
In this new procedure, it is the downlink break that is determined by the time it takes for UE-A to re-tune. However, because this re-tune time is typically shorter than the transit time of the 200OK, it will be the arrival of the 200OK that determines when the first CS uplink data can be sent towards UE-B. In the example above, and typically, this means the uplink break is longer than in the baseline case. Approximately, it is the transit time of the 200OK, minus the media transit time, and so will certainly be at least 100ms shorter than the downlink voice break in the default procedures (since that is the 200OK transit time PLUS the re-tune time.

It is expected that the performance target of 300ms is only exceeded for the roaming scenarios when the network is experiencing peak load. It has the added benefit of reducing the interval between the Measurement Report and the handover command.

In fact, the duration of the break experienced by UE-B can be further reduced by adding a delay between the detection of CS media by the MGW and the MSC Server sending the handover command. This has the effect of increasing the voice break at UE-A, but by selecting an appropriate delay value an appropriate balance between the two voice breaks can be achieved.
An example of this is shown in figure 6.x-2.
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Figure 6.x-2: Media detect function with delay before sending HO CMD
The additional delay extends the downlink break, but shortens the uplink break. By selecting an appropriate delay duration, a balance between uplink and downlink breaks can be chosen. It is expected that it is possible to bring the worst-case scenario voice break in under the targe of 300ms.
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