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1.1 Introduction
One of the key tasks for the SRVCC Enhancements Study Item is to analyse the performance of the existing SRVCC feature. and. This contribution provides a quantitative investigation into the likely performance of the baseline SRVCC feature and also the performance of SRVCC if some proposals already described in TR 23.856 are applied. It also provides several recommendations for the direction of  the study, based on the performance figures provided.

1.2 Discussion

There are two points at which the voice break can occur: -

-
When the remote UE receives the INVITE containing the SDP=CS access leg

-
When the HO Command is received by the near UE and the UE re-tunes

The voice interruption is determined by the timing of these two events in relation to each other and to the re-establishment of the media path. Whichever of the two events occurs first starts the interruption, and the interruption ends when the circuit connection is made after handover complete (as long as the far party has been updated).

As already described in the TR, the procedures for sending the HO CMD to the near UE and for sending the INVITE towards the far UE can be initiated independently, allowing scope for synchronizing them and in addition, delays can be introduced in the timing of the voice break within those procedures (eg delay by timer, or signalling, the UE re-tuning or the remote end update)

The minimum voice break appears to be limited by the time it takes for the UE to re-tune (a mean of 100ms), but as we will show, the actual voice break will vary quite widely depending on whether either or both of the UE’s involved in the call are roaming. We start with an analysis of the basic SRVCC case, when neither of the UE’s is roaming. This shows that the voice break even in this best case scenario doesn’t meet the performance requirements agreed in the last meeting.
Throughout the analysis we have produced two performance figures, one based on mean timings and one based on peak timings, for all procedures. These performance figures are estimates, based on assumptions we have made about the number of network entities involved in each scenario.
We then go on to look at the performance if two of the solutions already documented in the TR are applied. As well as figures for voice break we also include figures for the handover duration (from measurement report to handover detection). These show that it is possible to meet the performance requirements if the two solutions are adopted, and we provide some recommendations for the direction of the study based on this. 
1.3 Basic IMS performance figures

All of the performance analysis figures are based on the following timings for IMS signalling: -

· Both UE’s in home network: 400ms mean / 750ms peak

· UE A roaming: 600ms mean/ 1200ms peak

· Both roaming: 850ms average / 1400ms peak

These are figures for the INVITE – 200OK – ACK sequence of messages. They include transit times through the CSCF’s, the SCC AS, and any necessary IBCF’s. They also include figures for invocation of an additional AS on the originating side, and one on the terminating side. Transport network delay has also been factored in.
1.4 Scenario 1: Base SRVCC
This shows the voice break and handover duration for the case where no changes have been made to existing procedures. 
It is assumed that the HO CMD and initiation of the INVITE towards IMS occur at the same time. Neither of the UE’s is roaming. The red boxes show when the media break starts on the near and far sides. The green boxes show when the media break ends in each case.
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Figure 1.4-1: Base SRVCC scenario, non-roaming

It can be seen that the voice break is determined entirely by the duration of the IMS procedures, because the IMS duration is estimated to be so much more than the HO CMD – HO Detection interval. The mean voice break is 400ms, and the peak is 750ms.  The handover duration (from measurement report to HO detection) has a mean value of 300ms and a peak of 650ms.
Note that in the worst case (if both of the UE’s is roaming) the voice break will be up to 1400ms.
From these figures the voice break for the baseline (Release 9) SRVCC feature appears to exceed the target of 300ms, even in the non-roaming scenario. We now look at the performance figures with two solutions from TR 23.856 applied. The baseline performance figures may appear high, but we have included a significant number of individual network elements. The exact figures will depend on which elements are deployed, and whether some functionality is co-located. 
1.5 Scenarios with Handover delay and empty invite
The next sections look at the performance if a handover delay time is introduced, as described in TR 23.856, clause 6.1. This delay is introduced to delay the HO CMD relative to the INVITE. The INVITE contains an empty SDP offer so that the far end is not updated immediately but when the ACK is received. This modification to NOT include the MGW information in the SDP is important since it ensures that the voice break doesn’t occur when the INVITE is received at UE-B.
The HO CMD is delayed such that the time expected to complete the handover is the same as the time taken for the ACK to reach UE-B. The delay is calculated based on half the Round Trip Time (RTT) of the INVITE/200OK, less the mean HO time (100ms), and in the ideal case there is only a 100ms voice break (the re-tune time).

1.5.1 Scenario 2: Both UE’s in home network

In this scenario neither UE is roaming.
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Figure 1.5-1: Handover delay scenario, non-roaming

Note that the minimum voice break is only achieved if the calculated delay time is the same as the ACK actually takes, otherwise there may be an increase in voice break. For example, if the mean value of RTT/2 (of the INVITE/200OK) is 134ms but the actual time for the ACK is the worst case (250ms), then the break will be longer. There will also be a longer break if the actual HO time is not 100ms, but instead the peak value of 150ms.
Summarizing: -

· Best case voice break: 100ms (if HO retune takes 100ms)

· If ACK time is the peak instead of the mean: 217ms (longer retune makes no difference)

· If ACK time is the mean instead of the peak: 117ms (+50ms if retune is 150ms)

· Handover duration (from measurement report to HO detection): 
· Mean: 600ms

· Peak: 1250ms (if the HO CMD – HO Detection interval is 150ms)
So, even if there is a significant error in estimating the time it takes for the ACK to reach UE-B, the voice break is no more than 217ms.
1.5.2 Scenario 3: UE-A roaming

In this scenario UE-A is roaming.
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Figure 1.5-2: Handover delay scenario, UE-A roaming
Note that the minimum voice break is only achieved if the calculated delay time is the same as the ACK actually takes, otherwise there may be an increase in voice break. For example, if the mean value of RTT/2 of the INVITE/200OK is 200ms but the actual time for the ACK is the worst case (400ms), then the break will be longer. There will also be a longer break if the actual HO time is not 100ms, but instead the peak of 150ms.

Summarizing: -

· Best case voice break: 100ms (if HO retune takes 100ms)

· If ACK time is the peak instead of the mean: 300ms (longer retune makes no difference)

· If ACK time is the mean instead of the peak: 200ms (+50ms if retune is 150ms)

· Handover duration (from measurement report to HO detection): 
· Mean: 800ms

· Peak: 1700ms (if the HO CMD – HO Detection interval is 150ms)
So, if there is a significant error in estimating the time it takes for the ACK to reach UE-B, the voice break is no more than 300ms. However, the worst case handover duration is more than 1.7 seconds.
1.5.3 Scenario 4: Both UE’s roaming

In this scenario neither UE is roaming.
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Figure 1.5-3: Handover delay scenario, both UE’s roaming

Note that the minimum voice break is only achieved if the calculated delay time is the same as the ACK actually takes, otherwise there may be an increase in voice break. For example, if the mean value of RTT/2 (of the INVITE/200OK) is 283ms but the actual time for the ACK is the worst case (466ms), then the break will be longer. There will also be a longer break if the actual HO time is not 100ms, but instead the peak of 150ms.

Summarizing: -

· Best case voice break: 100ms (if HO retune takes 100ms)

· If ACK time is the peak instead of the mean: 283ms (longer retune makes no difference)

· If ACK time is the mean instead of the peak: 183ms (+50ms if retune is 150ms)

· Handover duration (from measurement report to HO detection): Mean: 1063ms

· Peak: 1950ms (if the HO CMD – HO Detection interval is 150ms)
So, if there is a significant error in estimating the time it takes for the ACK to reach UE-B, the voice break is no more than 283ms. However, the worst case handover duration is nearly 2 seconds.
1.6 Fine-tuning the algorithm

The figures shown are for an algorithm where the delay timer is calculated based on the formula: RTT/2 – 100ms. Although this can ensure that in the ideal case the voice break is only 100ms, it is quite sensitive to cases where there is a mis-match between the expected and actual trip time for the ACK, particularly in the roaming cases. It may be that other formulae or algorithms would yield better results, and for that reason the following analysis was done.
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Figure 1.6-1: Analysis of worst case scenarios

The figure above shows the worst case voice break for each of the three scenarios (y-axis, ms) as the algorithm RTT/2 – x takes different values of x. As can be seen, the optimum value of x to minimize the voice break appears to be around 70ms.

In more detail: -

· Scenario 2 voice break

· Mean: 100ms (150ms if the HO time is 150ms)

· Peak: 100ms (150ms if the HO time is 150ms)

· Mismatch case (ACK time not as predicted from RTT): 197ms 

· Scenario 3

· Mean: 100ms (150ms if the HO time is 150ms)

· Peak: 100ms (150ms if the HO time is 150ms)

· Mismatch case (ACK time not as predicted from RTT):  270ms

· Scenario 4

· Mean: 100ms (150ms if the HO time is 150ms)

· Peak: 100ms (150ms if the HO time is 150ms)

· Mismatch case (ACK time not as predicted from RTT): 263ms

A more radical change to the algorithm for determining how long to delay the HO CMD is to discard the measurement of RTT and use a single value of delay in all cases. This could be a provisioned value, fixed by the operator, or could be based on RTT statistics measured over a period of time, for example.
Here is a chart showing the variation in worst-case voice break (y-axis) depending on the chosen delay (x-axis).
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Figure 1.6-2: Non-roaming scenario

Clearly a value can be chosen in each scenario that would minimize the worst-case voice break.  By looking across the three scenarios a single value could be selected that would ensure a better worst-case performance than the RTT measurement algorithm. For example, if a value of 220ms is chosen for the delay, the worst case voice breaks for the three scenarios are all around the 250ms mark. Of course, and operator could also set the value to optimize the worst case voice break in the non-roaming case, at the expense of worse performance in the other scenarios, or they could optimize for the shortest mean voice break, and allow the worst case values to creep above 300ms.
Note that a fixed delay can provide a better solution than the RTT measurement approach if the worst-case voice break is considered, but this is at the expense of potentially longer best-case durations.

1.7 Conclusion

The existing SRVCC procedure generates a voice break of 400ms(mean)/750ms peak, even in the non-roaming case. This rises to a worst case (if both of the UE’s are roaming) of 1400ms. Clearly this doesn’t meet the performance requirements agreed in the TR.
However, looking at a solution already documented in TR 23.856, it does seem possible to meet the performance requirements. Based on our performance figures it is possible to devise algorithms (based on RTT measurement, or fixed delay values, or other method) to calculate the amount to delay sending the HO CMD after the ACK is sent, that can deliver voice breaks equal to, or less than, 300ms in even the worst-case scenarios we have so far identified.
One penalty of introducing a delay in sending the HO CMD is that this extends the overall handover duration from a worst case of 650ms to a worst case of 1950ms. Although this is a significant increase, we believe it should not significantly increase the proportion of dropped calls. A two-stage handover procedure can be adopted (as described in clause 6.3 of the TR) that allows the UE to make a decision to handover immediately if the radio conditions deteriorate sufficiently. This would, on occasion, mean that the voice break is extended, but we believe this would only occur in a very small percentage of cases. If these performance figures are accepted by the group then it would seem that SA2 should focus its attention on refining the solutions described, and attempting to reach a consensus on specifying them.

1.8 Proposed Changes

We propose that we should update TR 23.856 to: -

· Include the example figures for IMS signalling round trip times and the analysis of the base SRVCC performance based on this.
· Include a summary of the performance analysis of Alternative 1 in the Assessment clause (clause 7)

· Add an interim conclusion to clause 8 that says that the focus of the study should be on developing the solutions in clauses 6.1 and 6.3

· Remove the editor’s note in 6.1.2.1 (currently numbered incorrectly as 6.2.2.1) that says that it is FFS whether a single round trip time measurement is sufficient
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