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1. Introduction
In discussions on the interpretation of the sampling frequency and audio bandwidth section of the design constraint document it became apparent that some of the text in that section is ambiguous or hard to interpret. Thus, the sources of this document propose to update the text in this section to clearly reflect its spirit and avoid diverging interpretation of it.
2. Discussion
The sources believe that the spirit of the DC on audio sampling rates and audio bandwidth is quite straightforward and only the present text [1] fails to express this principle clearly. In our view, the principle to be expressed is as follows:

1. The codec (encoder as well as decoder) shall cope with the audio sampling requirements of the platform, which can be any one out of the set of 8, 16, 32 or 48 kHz input or, respectively, output sampling rates.

2. The encoder shall be given the possibility to limit the coding to the audio bandwidth that is actually of use. Hence, the encoder has to provide the possibility to accept information about the useful audio bandwidth. The purpose is to avoid cases where the encoder blindly spends bits for encoding a large audio bandwidth while only a narrow bandwidth is actually relevant or can actually be used.

3. The codec should be free in the choice which actual audio bandwidth to encode; this should be a design choice that may depend on factors like the selected bit rate.
3. Conclusions and proposal
We propose to modify the text on sampling frequency and audio bandwidth as follows:
	Sampling Frequency and Audio Bandwidth
	The encoder and decoder shall support 8, 16, 32, and 48 kHz sampling rates. 

The encoder shall support all four required input sampling rates in all operation modes arbitrary sampling rate of the input signal from the set of supported sampling rates.

The decoder shall support all four required output sampling rates in all operation modes.

Note: Functions that are necessary only for achieving the arbitrary selection of encoder / decoder input / output sampling rate will be an informative part of the EVS standard. The delay and complexity of these functions do not count as part of the respective codec design limits. For these functions specific design limits in terms of delay and complexity apply.

The encoder shall accept information about the useful audio support input signals with different input signal bandwidth (NB, WB, or SWB, and optionally FB;) with frequency masks to be defined in the test plan).

For a given input sampling rate, the encoder shall support selecting the audio bandwidths (NB, WB, SWB, and optionally FB)  to be encoded.

For an 8 kHz input sampling rate the encoder shall support NB; for a 16 kHz input sampling rate the encoder shall support NB and WB; for a 32 kHz input sampling rate the encoder shall support NB, WB, and SWB; for an input sampling rate of 48 kHz the encoder shall support NB, WB, and SWB, in addition the encoder may support FB

Note: For a given input sampling rate, tThe frequency response of the codec may be narrower than the in bandwidth the encoder is informed about or  than the Nyquist bandwidth corresponding to that input sampling rate. This allows an adaptation of the coded bandwidth depending on, e.g., the selected bit-rate.
	6.1.1.
	It is recommended that the EVS codec 

· have mandatory support of high-quality and high-efficiency operation of NB, WB, and SWB audio;
· may support FB audio. 
Note: NB audio is typically sampled at 8 kHz with an audio bandwidth of 100 – 3500 Hz. WB audio is typically sampled at 16 kHz with an audio bandwidth of 50 – 7000 Hz. SWB audio is typically sampled at 32 kHz with an audio bandwidth of 50 – 14000 Hz. FB audio typically provides an audio bandwidth up to 20000 Hz.




For clarity we show the resulting text without the change marks below:
	Sampling Frequency and Audio Bandwidth
	The encoder and decoder shall support 8, 16, 32, and 48 kHz sampling rates. 

The encoder shall support all four required input sampling rates in all operation modes. 
The decoder shall support all four required output sampling rates in all operation modes.

The encoder shall accept information about the useful audio bandwidth (NB, WB, or SWB, and optionally FB; with frequency masks to be defined in the test plan).

Note: The frequency response of the codec may be narrower than the bandwidth the encoder is informed about or the Nyquist bandwidth. This allows an adaptation of the coded bandwidth depending on, e.g., the selected bit-rate.
	6.1.1.
	It is recommended that the EVS codec 

· have mandatory support of high-quality and high-efficiency operation of NB, WB, and SWB audio;
· may support FB audio. 
Note: NB audio is typically sampled at 8 kHz with an audio bandwidth of 100 – 3500 Hz. WB audio is typically sampled at 16 kHz with an audio bandwidth of 50 – 7000 Hz. SWB audio is typically sampled at 32 kHz with an audio bandwidth of 50 – 14000 Hz. FB audio typically provides an audio bandwidth up to 20000 Hz.
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