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Introduction
The encoder delay compensation of all CuTs and reference codecs has been proposed and agreed so that the same segments of the input signal are affected in case of frame erasures. This contribution proposes to the set the encoder and decoder delays for the reference transform codecs.
Proposal

The goal of the encoder delay compensation is to ensure that a frame to be encoded is aligned with the corresponding frame of the input speech or audio signal. Due to overlap-add procedure used in transform codecs, the transmitted frequency-domain coefficients generally correspond to longer segments than one frame. In that case, the encoded frame (the transmitted bitstream) should correspond to the centre of the time-domain window used to calculate the transform coefficients.

The reference transform codecs used in the Qualification phase test, namely G.722.1, G.722.1 Annex C [1], and G.719 [2], all use 40 ms windows with 50% overlap (stationary mode in case of G.719). Consequently, 10 ms delay compensation should be applied at the encoder and 10 ms delay compensation should be applied at the decoder.

In the last version of the Permanent document EVS-7a, Processing functions for qualification phase, version v.1.0.1 [3], in Table 6: Delay compensation values for reference codecs, all the delay (20 ms) is compensated at the encoder. The source proposes to change the values in the table as follows:
	Codec
	Value for encoder delay compensation
	Value for decoder delay compensation

	AMR
	40
	0

	G.711 (A and u law)
	0
	0

	G.718 narrow band
	0
	0

	AMR-WB
	80
	15

	AMR-WB encoder - G.718 IO decoder
	80
	0

	G.718
	0
	0

	G.722
	11
	11

	G.722.1
	320 160
	0 160

	AMR-WB+
	-
	2314 (9.75kbps)

2187 (12kbps)

	G.718 Annex B
	0
	0

	G.719
	960 480
	Add 960 samples to beginning of decoded output 480

	G.722.1 Annex C
	640 320
	0 320
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