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Abstract of the contribution: Discussion of reasons to use Alternative 9 in conjunction with the SIP-based eSRVCC solution
Introduction

In a related paper on conditional anchoring we introduce the concept of combining the SIP-based solution with Alternative 9. This paper expands on the arguments for doing this.

We propose that though there are many ways that conditional anchoring logic can proceed, 3GPP shouldn’t standardize them. However, many, if not all, of the anchoring logic algorithms introduce the possibility that the anchoring decision is incorrect. Either the session is anchored unnecessarily, or the session is not anchored and the voice break target is exceeded.

Anchoring a session unnecessarily occurs when the time taken for the signalling round trip would not have caused a voice break that would exceed the target. This situation could occur for example when UE-1 is roaming, and so anchoring is decided upon, but it is not distant from its home network. This results in unnecessary network resource usage, but doesn’t impact the end user.

Conversely, if it is decided not to anchor based on expectations about RTD, and these prove incorrect, then the voice break experienced by the user could exceed the target. All of the conditional anchoring decision algorithms that we are aware of are imperfect in this sense, to some extent. Examples: -

· If the decision not to anchor is made because UE-1 is at home then if UE-2 is distant (roaming, or otherwise) the voice break could be too long

· If the decision not to anchor is made because UE-1 is roaming but it is thought to be in a nearby network then this information is subject to error, and additionally if UE-2 is distant (roaming, or otherwise) the voice break could be too long

· If information about where UE-2 is somehow obtained then this could be combined with the knowledge of UE-1’s whereabouts to provide a more accurate anchoring decision, but this is likely to be static information and so still subject to error

· If it was decided during session origination not to anchor based on RTD measurement, but the actual RTD exceeded this, then the voice break could be too long

In most cases it is possible to err on the side of caution when making the anchoring decision, for example by measuring RTD but only decided not to anchor if the measurement is much less than that needed to meet the voice break target. The significant downside is then that sessions will be anchored much more often.
If, however, there is a way to reduce voice break when not anchoring then this would reduce the need to err on the side of caution, and reduce the incidence of anchoring. 
Alternative 9, as described in the TR, is such a solution. There have been some concerns raised, and in particular the impact on dropped calls due to the increased time to perform Handover. Certainly the Handover time is increased, but we have argued that if this increase is low then the impact is minimal. Ultimately, only a network operator can decide whether the impact is acceptable, but we believe the option should be there to use Alterative 9 to reduce the incidence of unnecessary anchoring (and also to reduce voice break generally). As has already been described in the TR, a timer can be set to limit the HO delay. 

However, since we are proposing that Alt 9 is used in conjunction with the SIP-based solution, it is only used when the RTD is low anyway (the long RTD cases resulting in anchoring, of course).
To illustrate this, consider the following figure: -
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This shows the probability (y-axis) of the RTD being less than the times provided along the x-axis, based on one traffic model and set performance figures, for the baseline SRVCC architecture. In the baseline architecture the voice break is approximately equal to the RTD of the INVITE and 200OK, so the graph above is also a graph of the percentage of calls that fall within a certain voice break figure. For example, the figure for 300ms is 0.86, so the percentage of calls with a voice break (approximately equal to the RTD) is 86%. In principle then, anchoring is only needed for RTD’s exceeding 300ms. Thus if the anchoring decision point is set at 300ms, for example, 14% of all calls will be anchored. However, being more conservative with the threshold (to allow for incomplete or inaccurate information feeding into the anchoring decision), and setting it at 200ms, would result in 54% of calls being anchored.
It is worth looking at the probability distribution function compared to the expected voice break for the baseline, SIP-based solution, and Alt 9. As mentioned above, the voice break in the baseline case is approximately equal to the RTD. The voice break for Alt 9 can be approximated as half the RTD. (Actually, it will be less than this since this doesn’t take into account the media packet transport time, so RTD/2 is a pessimistic approximation.) The voice break for the SIP-based solution can be approximated as 100ms (the re-tune time). Putting these together: -
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The voice break is on the left-hand y-axis and the RTD is on the x-axis. The probability is on the right-hand y-axis. The probability curve would in reality be smoother, and the steps are an artefact of the data used to generate the chart.
By placing the threshold at which to decide to anchor at various (expected, estimated, or measured) RTD values, it is possible to strike a balance between minimizing voice break and minimizing anchoring frequency. The following charts show the threshold placed at various points. Clearly the further away from 300ms the voice break is, the more margin for error there is in the placement of the threshold.

Threshold at 250ms
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Threshold at 350ms
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Threshold at 500ms
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As the threshold value is increased the percentage of anchored calls drops quickly, until at 500ms only 1.9% of calls are anchored. Unfortunately, for the baseline architecture this means that the voice break has increased to 500ms. However, if Alt 9 is used in conjunction with the SIP-based solution the voice break stays below 300ms.
Conclusion

· The probability distribution is based on a number of working assumptions, but it is highly robust to changes in the working assumptions. In particular we assume ~10% roaming, with a mixture of roamed-to networks. The curve may shift a bit to the left or right with different assumptions but we believe it is representative.

· The Alt 9 improvements are likely to be better than shown due to a simplification in the model.

· The HO delay is 1/2 RTD plus the media packet transport delay, so HO delay can be kept low and still gain almost all the benefit of the Alternative 9 solution. An implementation can of course limit the delay to any chosen value.
· Any error in RTD estimates due to paging can be taken into account by having the remote P-CSCF make a separate measurement of UE signaling delay and reporting that back. This paging delay DOES NOT impact Alt 9 signaling which occurs in the middle of a call and is not subject to paging delays.
· Even with a VERY conservative choice of threshold (~300 msec), we still can avoid anchoring ~80 % of calls, significantly improve break time in the range of 100-300 msec RTD, and still provide an excellent buffer in case of error in RTD measurement.
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