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1. Introduction
At SA4#60 meeting, three input documents [1-3] proposed that the EVS codec should provide two delay modes. The operation points were outlined at around 30ms and 40ms. This paper discusses the consequences of such a proposal. The discussion is focused on the non-interoperable AMR-WB modes only.

2. Codec Design

Allowing for two delay modes will most likely result in proposals with two different coding algorithms. Each of the algorithms will show different coding advantages regarding signal classes. For instance, the low delay mode could be based on a classic speech codec approach, e.g. AMR-WB, while the high delay mode could be based more on a transform based coding approach, e.g. G.719. This means one mode is strong for pure speech signals the other one strong for more music like signals. 

As a consequence, the problem occurs when to use which mode. The delay mode parameter can be either source controlled or network controlled. For the source controlled case, the algorithmic delay changes with the signal, e.g. switch from speech to music, which leads to additional jitter to the transmission. To control the transmission flow, additional time stretching and shrinking algorithms are needed to enable seamless switching between those modes. For the network controlled case, the audio quality might be suboptimal due to the different performance of the delay modes for different signal classes. Unclear benefits and use cases of the two modes could lead to the usage or implementation of only one of the two modes.

The source therefore believes that a unified design approach with one strict number for the maximum algorithmic delay will guarantee best performance, more stable results regarding audio quality and furthermore, simplifies the overall system dramatically. In addition, so far no evidence for any benefits on the performance of an EVS codec with two delay modes was provided by the sources [1-3]. 

3. User Benefit

As pointed out in [1], users of communication systems benefit from a low end-to-end delay not exceeding 200ms. However, another parameter to improve the user satisfaction is the audio quality. The EVS may aim to provide a quality level up to transparency. 

This means that at the very high bit rate end where full audio quality is provided, a very low delay mode can be a useful operation point in order to provide the user the best possible communication channel consisting of best audio quality and lowest possible delay at the same time. For instance, other well established communication codecs, e.g. AAC-ELD, offer at this operation point a delay of 15ms. 

From the verification reports for AAC-LD [4] and for AAC-ELD [5] it can be seen that especially for low bitrates a careful trade-off between quality and delay has to be found. Both codecs are preferably operated at a higher delay when the bitrate is lower, in order to achieve the best possible audio quality both for speech and non-speech content.

Thus, for lower bit rates, the EVS codec should focus on the audio quality rather than on a delay mode which is only 10ms lower compared to a high quality mode.

4. Evaluation

By mandating two delay modes in the EVS codec, the testing effort for the qualification and selection phase is doubled. This probably introduces additional delay to the whole standardization process. 
5. Conclusion
The current proposal of two delay modes for the EVS codec leaves several questions regarding the audio quality and the foreseen use cases open. Instead of two delay modes, the source proposes to set one maximum delay value as design constraint for the EVS codec. The number for the maximum codec delay should be derived based on a given end-to-end delay and taking all delay sources of the transmission chain into account.
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