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1. Introduction

At the last 3GPP-SA4#59 meeting, several contributions proposing different delay proposals for the EVS codec were reviewed. The source regards the EVS codec as providing an enhancement to the existing voice service in use today. As such, it is important that EVS codec provides both low delay and high quality operation.
2. User Satisfaction vs. Delay
It is well known that the end user conversational quality does not solely depend on the “intrinsic” speech codec quality but also on other parameters such as packet losses and overall mouth to ear delay of which the codec delay is a contributing factor. A formulation of the dependency between the delay and the user satisfaction can be given by the E-model. In Figure 1, it is shown how higher mouth to ear delay is contributes negatively to user satisfaction. 
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Figure 1 Shape of the E-model Rating curve as function of delay
On the other hand, it is well known that with higher delays the coding efficiency of a codec can be increased. Modeling this dependency is a difficult task; however, one can state that at a given bitrate and with increased delay, the quality should be increased until a certain level.
Hence, there are two conflicting requirements on the delay, on one hand, a high delay allows for a better coding efficiency and thus increased quality and user satisfaction, while on the other hand a higher delay increases the mouth to ear delay and according to the E-model degrades user satisfaction. One could argue that an ideal “optimal” delay figure could be found that accommodates both codec efficiency and end-to-end delay requirement. 
However, the situation is further complicated by delay jitter in VoIP communication scenarios, and where jitter buffer size is an unknown. Other sources of delay uncertainties and variations are the lower layers, e.g. RTP packet bundling, number of H-ARQ retransmissions, etc. Other sources of delay may include the application itself, as for instance is the case for conferencing scenarios with an MCU where decoding and re-encodings are performed, hence further increasing the delay. For such applications where the bitrate is not an issue, such as tele-presence, a preferable codec is a low delay codec.

This means that the exact mouth-to-ear delay (Figure 1) would be in most cases an unknown and very dependent on the application, access type technology and other transmission parameter settings (vendor/operator specific settings). 
Therefore, for certain conditions it may be very beneficial to have a “reasonably” high delay figure, while in other scenarios such a high delay figure could severely lower the end-user quality of experience. Ideally, it is desirable to have a codec in which the delay settings could be adapted to the intended application and target access technology. 
In the context of 3GPP EVS, such a desirable feature will allow to adapt the codec delay in order to enhance the user’s QoE for all intended applications and scenarios. Given the multiple scenarios and use cases in which the EVS codec has to operate, the source believes that the EVS codec would therefore greatly benefit from having two delay modes. 
4. Conclusion
This document provides a proposal to adopt two delay operation modes for the EVS codec. It is therefore requested that the design constraints on delay take into account these two operation modes, at least one of the delay modes should be consistent with delay figures of existing 3GPP speech codecs, i.e. (in the order of the delays of AMR-NB and AMR-WB) 
	Parameter
	Design Constraint

	Algorithmic Delay
	The EVS codec shall support two algorithmic delay operating points.
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