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Introduction
This documents lists several important issues on the EVS processing plan[1].
Number of required speech samples

For the EVS qualification phase, nine speech experiments are scheduled. For each speech experiment, four talkers with six samples are required. It needs to be clarified how many speech samples are required for all experiments. The source sees the following options:

A) The same talker and samples are used for all experiments (Total: 4 talker x 6 samples)

B) Each experiment is conducted with different talkers (Total: 4x9 talker x 6 samples)

C) 4x[2] talkers need to be provided by LL. Two male and two female talkers are randomly assigned to each experiment. (Total: 4x[2] talker x 6 samples)

As an alternative, the number of samples are not necessarily limited to 6. The required 6 samples could be chosen randomly out of a larger pool.
The source requests to clarify this open point to allow further progress on EVS-7a.

G.719  Delay adjustment

The delay adjustment for G.719 is not trivial due to fact that

· G.719 executables compensate the delay on decoder side instead of encoder side

· Two additional resampling steps are required for G.719

The following is proposed to overcome this problem

· Add 960 samples (first 960 samples of the preamble) at the beginning of the G.719 decoded output. This compensates the wrong delay adjustment.

· Apply encoder delay adjustment for upsampling and codec delay where 1397 samples are removed from the beginning
· Apply decoder delay adjustment for downsampling where 437 samples are removed from the beginning
P.50 MNRU processing

The P.50 MNRU tool for SWB requires an operating sample rate of 48kHz. The following processing is proposed in order to accommodate this:
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where for the delay compensation, 582 samples are removed from the beginning. 
Mixed Bandwidth conditions

For WB input signals for AMR-WB, it is proposed to generate those signals based on the SWB direct signal and the original speech signals. In order to adjust the speech level in WB, the signal level will be changed based on the difference of P.56 level on speech signal compared to SWB.
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Figure 7: Processing noisy speech files for WB in the SWB Experiment K
Conclusion

It is requested to clarify and to agree on the open issues regarding EVS-7a listed in this document.
[1] AHEVS-173: EVS Permanent Document EVS-7a v0.0.8: Processing Plan
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