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1. Introduction
This document presents the sources’ position on the algorithmic delay constraint of the EVS codec after reviewing the response from RAN2 liaison. 
2. Discussion
The important massage in the liaison statement from RAN2[1] is:


“RAN2 would prefer not to reduce RAN delay budget.”
While the sources fully agree with the fact that it is preferable not to reduce RAN delay budget, as shown in S4-100833 [2], the end-to-end delay is estimated to be below 200 ms with 50 ms algorithmic delay (and some margin), although delay budget for the radio links will remain unchanged as that of AMR case. Table 1 is the reproduction of the end-to-end delay budget as given in [2], where x is a variable that indicates the codec algorithmic delay. These delay assumptions were also outlined in the LS sent to RAN2[3].
Table 1: Estimated total end-to-end delay of the EVS for VoIP over LTE [ms].

	
	EVS

	Algorithmic Delay
	x

	Encoder processing
	10

	Transmission (UL&DL)
	100

	Network Delay
	16

	UE processing
	5

	Decoder processing
	10

	Total (ms)
	141+x


Here, the table indicates that there is nearly 60 ms allowance for the EVS codec delay while maintaining the same degree of delay as the legacy network. This means that the EVS can introduce an improved subjective quality with the same end-to-end delay as the legacy network.

The sources believe that main cause of jitter on UE to UE VoLTE is the retransmission, because the using the up-to-date IP QoS mechanisms in the backbone networks is unlikely to introduce any jitters. Therefore, jitter buffer delay is included in “Transmission (UL&DL)”. From an operator’s point of view, the newly developed EVS codec should have a distinct subjective quality improvement compared to existing codecs, such as AMR or AMR-WB. The sources believe that this is a high quality SWB coding at gross bit rate of 13.2 kbps for both voice and non-voice signal. The sources also believe that the users might expect similar absolute sound quality for non-voice signal to voice signal, which is not realized by any of existing 3GPP conversational codecs. Thus, proposed relaxed algorithmic delay constraint allows subjective quality improvement, especially for such lower bit rates. 

As summarized in S4-110100 [4], the terms of references of the state-of-the-art SWB speech codecs were 50 ms to 60 ms. The bit rates of such codecs are 24 kbps or higher. Considering the difference of the target bit rates, 50 ms is not a relaxed constraint for the EVS codec design. However, we would propose 45 ms if the EVS codec should be more competitive than existing SWB codecs. Moreover, from an operator’s point of view, a candidate having lower delay is favored to be selected if subjective qualities of the two are statistically the same.
3. Conclusion

This document presents our position on the algorithmic delay constraints for the EVS codec standardization. The sources still believe that 50 ms is sufficient figure for the constraint.  It should also be noted that a candidate having lower delay is favored to be selected to be selected if subjective qualities of the two are statistically the same. 
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