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1. 
Introduction 
The design constraint for the algorithmic delay of the codec for EVS is still under discussion This contribution discusses some delay related quality aspects and proposes a design constraint for the algorithmic delay.
2. 
Discussion
The 3GPP RAN2 group provided guidance, that the RAN delay budget should not be reduced [1]. From the discussion in SA4 it seems that this recommendation would be accepted. However it could not be agreed how large the end-to-end delay may become. The 3GPP specification 3GPP TS 22.105 indicates that the preferred delay should stay below 150 ms. On the other hand various sources indicate that a limit of 200 ms would still provide a good conversation quality. Most arguments concerning the conversational quality are based on the delay impairment factor of ITU G.107 E-model. But the E-model was specified as a planning tool for transmission. It may not be sufficiently detailed for justifying design constraints for the codec development. 

This contribution does not provide a comprehensive elaboration of the delay impairments, but illustrate the range of the effects. Figure 1 shows on the left hand side how the conversation quality QDelay may depend on the application scenario. On the right hand side is shown how the audio quality QCoding may change in dependence of the algorithmic delay of a codec. These graphs are not based on subjective tests but employing simple functional equation. They provide hopefully a plausible estimation of some of the quality influences and that serve only for demonstrating the interaction of conversational quality and the audio quality. Both effects should be taken into consideration when defining the algorithmic delay of the new EVS codec.
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Figure 1: Illustration of influence of the algorithmic delay on the audio quality and the conversation quality
For the optimization of the Quality of Experience all quality effects need to be taking into account. Regarding the algorithmic delay the influence on conversation quality has to be analysed in combination with the audio quality. For estimating the overall quality Q of a transmission, often an approach is chosen where the quality of individual influences are scaled in a range from 0 to 1. The combined quality is obtained by multiplying the terms: 
                  Q = QDelay..  QCoding .
This approach has been applied to the qualitative illustration given above. Assuming the standard conversation application scenario shown in Figure 1 is applied and assuming an end-to-end delay of 150 ms plus the algorithmic delay of the codec, the resulting combined quality would behave as shown in Figure 2. 
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Figure 2: Illustration of the combined quality of audio and conversation quality for different algorithmic delay
The given illustration is not sufficient to derive a conclusion of the optimal optimum algorithmic delay, but it shows that the analysis of the delay should consider the combination of end-to-end and algorithmic delay. For example at 16 kbit/s the overall quality of experience would be rated higher for an algorithmic delay with 50 ms. Of course the exact performance curves for the considered codecs would be needed for en exhaustive study of the optimal algorithmic delay. Either a serious study on the quality influences needs to be carried out or the design constraint on the algorithmic delay should be flexible enough to allow finding the optimal algorithmic delay during the selection.

Further from Figure 1 it can be concluded that for other applications than standard conversation a much lower end-to-end delay would be preferred. If more than one delay mode is considered the source believes that a further algorithmic delay mode with an algorithmic delay around 10 ms should be considered. For the given range of an end-to-end delay of 150ms to 200 ms one delay mode seems to be sufficient.

3. 
Conclusion
Assuming a standard conversational application and considering the influences of delay and coding artefacts on the quality of experience, the source believes that the enhancement in audio quality for a slightly higher algorithmic codec delay supersedes the degradation of conversational quality caused by this delay. The combined quality of experience is expected to be higher, if the algorithmic delay of the codec is slightly higher. 
Considering the non-interoperable mode of the codec, the source believes a suitable upper limit could be an algorithmic delay of 35 ms. 
A codec with a lower algorithmic delay providing the same sound quality would be preferred in the selection of a codec. 
A single delay mode is regarded to be sufficient for the considered end-to-end delay range of 150 ms to 165 ms.

Following design constraint on Algorithmic Delay is proposed:

	Algorithmic Delay
	The algorithmic delay of the non-interoperable mode shall be less than 35 ms. A codec with a lower algorithmic delay providing the same audio quality shall be preferred.
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