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Introduction
A simplified call flow of the baseline (Release 9) SRVCC procedures is shown below, with signalling shown as the thinner lines and media shown as heavy dotted lines. The slope of the flows attempts to give an indication of 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.
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The INVITE (2) causes the remote end to be updated with the SDP of the CS access leg. As a result the last downlink voice packets arrive at UE-A shortly afterwards. The downlink flow of VoIP packets is switched towards the CS access leg at this point, but since UE-A has yet to re-tune, they cannot be delivered, and the downlink voice break begins. (Note that the packetization duration of 20ms means that the voice break indications shown in the figure do not exactly coincide with the arrival of the media.)
UE-B sends the 200OK towards the core network (MSC Server) and on reception the Handover Command is sent towards UE-A to instruct it to re-tune to the CS access network. Just before this, the last PS uplink media packets begin their journey towards UE-B, and after they arrive the uplink voice break begins. The uplink voice break continues until UE-A has successfully retuned, so it can be seen that the uplink break is determined by how long the UE takes to re-tune. In this example it is assumed to be approximately 100ms. 

Once UE-A has re-tuned, the downlink CS media is deliverable, and so the downlink break also ends. It can be seen that in general the downlink break will be the re-tune time plus the transit time of the 200OK from the far end. In the example above the overall downlink break time is around 200ms. Clearly, if the transit time of the 200OK is greater then it directly impacts the break time, and in cases where either, or both, of the UE’s are roaming, or if there is heavy load on the networks, then the break time will exceed 300ms.
If we wish to shorten the downlink break, one way would be to cause UE-A to begin to handover before the 200OK arrives, but some sort of trigger is required. Looking at the figure above, one solution is for the core network to detect the arrival of the first downlink CS voice packets, since they arrive a significant interval before the 200OK (delayed due to the processing required at each of the signalling entities in the path).

The call flow would now look something like this: -
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So, rather than the handover commend (HO CMD) being triggered by the arrival of the 200OK, it is triggered by the Media Gateway (MGW) reporting the arrival of the first media to the MSC Server. The slope of the lines indicates the time taken for the media and signalling to traverse the network. The time taken for the signalling to traverse the network is significantly longer that that taken by the media, and this difference in traversal time is exploited by this proposal.

Now, 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.
In order to compare the performance of the existing procedures in comparison with the new approach, we applied our performance figures to the roaming scenarios (one, or both of the UE’s) and when the network is experiencing peak load conditions. For the baseline procedures we got the following: -

Non-roaming, mean: Uplink voice break: 100 ms, Downlink voice break: 200 ms, HO CMD “delay”: 280 ms

Non-roaming, peak: Uplink voice break: 150 ms, Downlink voice break: 350 ms, HO CMD “delay”: 525 ms

1-Roaming, mean: Uplink voice break: 100 ms, Downlink voice break: 230 ms, HO CMD “delay”: 420 ms

1-Roaming, peak: Uplink voice break: 150 ms, Downlink voice break: 450 ms, HO CMD “delay”: 840 ms

2-Roaming, mean: Uplink voice break: 100 ms, Downlink voice break: 260 ms, HO CMD “delay”: 630 ms

2-Roaming, peak: Uplink voice break: 150 ms, Downlink voice break: 500 ms, HO CMD “delay”: 1040 ms
Our performance estimates indicate the following outcomes when using this new media-detect approach: -
Non-roaming, mean: Uplink voice break: 100 ms, Downlink voice break: 100 ms, HO CMD “delay”: 280 ms

Non-roaming, peak: Uplink voice break: 210 ms, Downlink voice break: 150 ms, HO CMD “delay”: 320 ms

1-Roaming, mean: Uplink voice break: 140 ms, Downlink voice break: 100 ms, HO CMD “delay”: 290 ms

1-Roaming, peak: Uplink voice break: 320 ms, Downlink voice break: 150 ms, HO CMD “delay”: 530 ms

2-Roaming, mean: Uplink voice break: 170 ms, Downlink voice break: 100 ms, HO CMD “delay”: 465 ms

2-Roaming, peak: Uplink voice break: 380 ms, Downlink voice break: 150 ms, HO CMD “delay”: 680 ms
Clearly there is a significant benefit, and the performance target of 300ms is only exceeded for the roaming scenarios when the network is expeiencing peak load. It has the added benefit of reducing the interval until handover is started.
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 below: -
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Of course, 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. For example, our performance figures indicate that if a 120ms delay is chosen, the following results are obtained, bringing the worst-case scenario in under the target: -
Non-roaming, mean: Uplink voice break: 220 ms, Downlink voice break: 100 ms, HO CMD “delay”: 400 ms

2-Roaming, peak: Uplink voice break: 260 ms, Downlink voice break: 260 ms, HO CMD “delay”: 800 ms
One facet of the media detect solution is that there must of course be media to detect. If no media is detected then the network should initiate the handover when the 200OK arrives. This may seem to mean that the voice break experienced would then be as for the baseline case, but if we assume that no media means no voice to deliver to UE-A then the user isn’t actually missing anything. (It is worth noting that a feature of some codecs, such as AMR, is the sending of periodic comfort noise frames, so the handover would be triggered by their arrival.)
Conclusion
We have shown that by modifying 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, we can significantly reduce the worst-case voice breaks experienced by the users involved in the call. 

Exact performance figures are of course difficult to agree on, but our belief is that except in the worst-case scenarios (roaming scenarios at the same time as peak network load), the voice break will be brought under the 300ms target. Even in the worst cases, the target is approached, and may in fact be achieved through introducing a delay between the media detection event and sending the handover command.
We therefore propose to document this solution in the Technical Report.
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