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1 Introduction

The algorithmic delay design constraint for the EVS codec has drawn a lot of attention due to the impact of the constraint on not only the codec design, but the performance of the network it operates in, including system capacity and coverage and the overall end-to-end delay experienced by users of conversational services.

This contribution addresses each of these three areas, notes the current disagreement on the amount of delay that should be allocated to the EVS codec, which is based on differing emphasis on the three motivators for setting the codec delay and proposes a compromise for a way forward.
2 Background
Over the course of the development of the design constraints for the EVS codec, there have been a large number of contributions addressing the topic of the algorithmic delay of the codec.  Many of these contributions were submitted during the last two SA4 meetings (#61 and #62).  
From a survey of these contributions, one can see that proposals for the delay limit have been made based upon three motivators.
The first motivator is the intrinsic performance of the codec itself.  Recent contributions addressing codec delay from this point of view include S4-100844 and S4-110100.  Within 3GPP, SA4 is best positioned to determine, from the point view of the codec design, an appropriate limit on codec delay.  In general, a larger algorithmic delay is better for the performance of the codec, keeping in mind that the EVS codec is to be developed for conversational services, primarily MTSI.
The second motivator is the impact of the codec on network performance, and manifests itself as an impact to air interface capacity and coverage by noting that there is a trade-off between codec delay and air interface delay under an assumption of a constant end-to-end delay constraint.  S4 contributions made in this area include S4-100786, S4-100788, S4-100836, S4-100853 and S4-100765.  Within 3GPP, RAN2 is best positioned to make a determination in this area.  From the point of view of system capacity, a smaller allocation of delay budget to the codec results in a higher delay allocation to the air interface, which in turn is used for increased capacity and coverage as noted in the RAN2 LS reply to SA4 [1].
The third motivator is the end-to-end delay of a conversation using a real-time service such as MTSI.  The impact of delay on interactivity has been studied extensively in the ITU-T and their recommendations have been presented to this forum to argue for both low and high delay constraints for the EVS codec.  Contributions include S4-100833, S4-100856, S4-100765, S4-100730 and S4-100720.  Within 3GPP, SA1 and SA2 are best suited to make a determination on the end-to-end delay limit, and have done so in Appendix B of [2], which provides performance requirements for real-time services.  The recommendation calls for a one-way delay limit of 150 ms for no degradation.  The appropriate text is repeated below:  
Audio transfer delay requirements depends on the level of interactivity of the end users. To preclude difficulties related to the dynamics of voice communications, ITU-T Recommendation G.114 recommends the following general limits for one-way transmission time (assuming echo control already taken care of):
0 to 150 ms
preferred range [<30ms, user does not notice any delay at all, <100ms, user does not notice delay if echo cancellation is provided and there are no distortions on the link]
150 to 400 ms
acceptable range (but with increasing degradation)
     above 400 ms  unacceptable range.
Their work was based upon an ITU-T recommendation on one way transmission time [3], with a pertinent figure repeated below.
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Figure 1/G.114 – Determination of the effects of absolute delay by the E-Model
3 Discussion

The limit on the algorithmic delay design constraint will necessarily be a compromise based upon the three opposing drivers that call for both low (equivalent to existing codecs) and high delay limits.  There have been proposals made for low delay limits, high delay limits and both low and high delay (multimode) limits for the EVS codec.  The source believes that a low delay limit is both important and feasible for two reasons:
1) While the EVS codec standardization will result in a new codec for 3GPP, its primary use will be in an existing service (MTSI) over an existing network (EPS/LTE) and by replacing existing codecs (AMR, AMR-WB).  While the intent of the EVS codec standardization exercise is to produce a codec with higher quality and higher efficiency than exists now, as documented in the EVS technical report [4], this codec should not degrade the performance of MTSI over EPS/LTE in other ways.  It is the view of the source, based upon inputs concerning the relationship of delay to capacity/coverage [1] and end-to-end delay [2] that specifying an algorithmic delay significantly larger than that of the existing codecs will adversely impact the overall system performance of the existing MTSI service.  
2) Given the length of time since the standardization of AMR and AMR-WB, significant codec performance improvements should be possible for the EVS codec without relaxing the algorithmic delay over that of the codecs that the EVS codec is intended to replace.  Thus, there should be some assurance that performance goals called out in the EVS technical report [4] can be met with a codec delay similar to that of existing 3GPP codecs.
It is also understood that the EVS codec may be used in legacy 3GPP systems as mentioned in the EVS work item [5] and that it is also desired that the codec find its way into non-3GPP systems and applications.  As such, it makes sense that a delay limit higher than that of the existing codecs be allowed, to make room for an even higher codec performance for applications where the system performance impact tradeoffs are different.
4 Proposal

These observations along with a need to find a compromise position on the delay design constraint lead directly to a proposal for two delay modes of operation as we have already seen in S4-100786, S4-100853, S4-100856, S4-100765, and repeated in S4-100103.  Note that a dual-delay codec is not a new idea, given the standardization of G.718 by the ITU-T.  The EVS codec is intended to be a highly flexible multimode multi-application codec well suited for all of 3GPP’s conversational needs by addressing efficiency, quality and backward compatibility.  Dual delay modes will make the codec more attractive by providing more modes of operation to optimize the trade-offs between codec performance and system performance based upon the networks and applications the codec is used for.
The current version of the EVS design constraints document [6] captures the specific proposals made for a dual-delay design constraint.  The source views that, for the low delay, the proposal in the middle of the range (28 ms) as being reasonably close to that of the existing codecs.  A high delay of 44 ms would provide a 16 ms gap between the two delay ranges, equivalent to two HARQ retransmission attempts of the LTE air interface. 
5 Conclusion

The source proposes that the EVS codec have two delay constraints, with the low delay constraint set to 28 ms and the high delay constraint set to 44 ms.
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