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This contribution discusses potential consequences on VoLTE of the UMTS UE voice delay objectives under discussion in SA4 and proposes establishing a new Work Item to set UE and End to End VoLTE delay objectives, recommendations and test procedures.
Discussion:
SA4 has been discussing over the past several months an update to the UMTS UE CS Voice delay requirements originally specified (for GSM systems) in 43.050 and is set to vote on 2 alternative Change Requests to TS26.131 at this meeting (in S4-120926 and S4-120982, respectively). Both alternatives have an upper bound requirement for the sum of UE voice delays in the sending and receiving directions of 220ms. The maximum value of 220ms was inherited from the requirements set by GSM-A in relation to the HD Voice Logo certification. In GSM-A, the maximum delay of 220ms was set after measuring the UE voice delay for a number of existing commercial devices supporting the AMR-WB codec such that most of these devices would be considered compliant with the HD Logo requirements.
Like multiple other operators, AT&T is gearing up to launch a VoLTE service in the near term. Although the UE delay under discussion applies to UMTS, AT&T is concerned by the precedent this updated UMTS requirement could represent to VoLTE UEs, similarly to the precedent the GSM-A HD Logo requirement has represented to UMTS CS UEs.
Indeed, it is difficult to imagine 3GPP stating that an acceptable UMTS UE delay of 220ms would not also be an acceptable reference for LTE, after consideration of the differences in the radio interfaces and voice traffic handling (for example lower TTI in LTE, but potential for packet repetitions, specific DRX pattern and jitter buffer function).

AT&T believes that UE delay requirements should not be set without consideration of the end to end delay performances of the voice service in all call configurations which may be established by the PLMN (e.g. a local VoLTE to VoLTE call, an inter-operator inter-system call, an intercontinental call).

Furthermore, AT&T does not believe that it will be possible to deliver a high quality low delay voice service, especially in inter-system and/or inter-operator call configurations, with UEs allowed 220ms to process voice signals.
Indeed, the maximum one-way transmission time recommendation set forth by ITU-T G.114 is 400ms for global network planning, without making an excessive number of user experiences unacceptable. The effect of delay on the perceived quality can be seen in the following chart extracted from G.114 showing the Transmission Rating, R, and speech quality categories of ITU-T G.109 versus delay. This chart shows the impact of delay only on the speech quality to the exclusion of any other impairment such as echo, low rate codec or transmission errors. For these reasons, and to keep enough margin for intercontinental transport delay, it is normal practice to target a maximum delay of 300ms for short distance intra-system, inter-system or inter-operator calls.
A target max end to end delay of 300ms guarantees that the large majority of users will not perceive any quality degradation due to transmission delay.
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Figure 1/G.114 — Determination of the effects of absolute delay by the E-model




Unfortunately, allowing a total UE delay of 220ms makes it almost impossible to keep the end to end delay below 300ms.

For illustration purposes, the following chart shows a typical VoLTE to UMTS CS voice call configuration requiring a transcoding somewhere between the two end points. With a network based jitter buffer which could require as much as 60ms, a re-sampling of the speech requiring 25 ms and 220ms total delay in the UEs, the 300ms target is easily exceeded without accounting for the backhaul and transport network and number of nodes to go through.
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It is obviously understood that any operator can set his own maximum UE delay requirement for the devices it sells to his subscribers. What an individual operator often cannot control is where calls initiated by his own subscribers end and where calls received by his own subscribers are initiated from. One operator may set his own UE delay requirements to achieve what he perceives to be an acceptable speech quality, but this will not guarantee the call quality when calls are initiated or terminated on out-of-network devices with no or poor delay performances. For this reason, it is essential to have standardized target UE delay requirements and objectives that allow operators to deliver a high quality low delay VoLTE service.
AT&T believes that it is 3GPP’s responsibility to establish clear guidelines and to define best practices and recommendations for UE delay requirements and objectives to make sure that all calls initiated or received by any device following the 3GPP standard are not impacted by excessive delay for all typical call configurations.

Conclusion and Recommendation:

As a consequence of the previous discussion, AT&T proposes that SA4 opens a new work item with the objective to define a recommendation for VoLTE UE delay including:

· A review of the impact of the UE delays on the end to end transmission delay for different call configurations including local VoLTE to VoLTE calls, local or long distance VoLTE to other PLMN calls, VoLTE to PSTN calls and intercontinental call configurations;

· A recommendation for general breakdown of the end to end delay as was done in the past in 43.005 and 26.975, but with the possibility to define acceptable ranges for each function and possible trade-offs in the delay allocation;

· General guidelines for UE delay allocation across speech processing functions allowing for trade-off between quality, efficiency and support for 3rd party solutions
·  Determination of a test procedure to verify the VoLTE UE delay considering the specific attributes of VoLTE call processing (packet repetition, DRX, jitter buffer…)
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