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Introduction

The present document suggests additions to the EVS codec design constraints with regards to sampling frequency support.
Sampling Frequencies
The issue of sampling frequencies supported by the EVS codec is tightly linked to the audio bandwidths supported. The current EVS codec design constraints [1] on audio bandwidth indicate that:

	Parameter
	Design Constraint
	TR 22.813 V10.0.0
	note

	Audio Bandwidth
	tbd
	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.




TR 22.813 mentions typical sampling frequencies for the listed audio bandwidths. Rather than fixed values, these sampling frequencies should be taken as minimum values to be able to represent the given audio bandwidth. I.e. it is possible to represent a NB signal at 48kHz sampling frequency.
The audio path components of a UE are set to operate at a certain sampling frequency. Those settings should be consistent. A simple example is a NB speech UE. In this UE the input to the speech encoder and the output from the speech decoder can operate at 8kHz sampling frequency. The other parts involved in the audio path can also operate at 8kHz. And this configuration can remain the same throughout a NB call irrespective of the NB codec used (e.g. AMR to FR when handing over from e.g. UTRAN to GERAN).

For a WB speech UE, the codec i/o operate at 16kHz. If the audio path is set according to the codec i/o then in that case, when a HO is performed and codec is switched from AMR-NB to AMR-WB, the sampling frequency has to be changed from 8kHz to 16kHz. In that case these changes of sampling frequencies may not be an issue because there are only two sampling frequencies to change in-between. However, in the case of EVS codec, which is required to operate on NB, WB, SWB (and FB optionally) signals the number of sampling frequencies is increased. In addition, modern UEs not only support the conversational audio but often include audio paths from, e.g., media players or gaming. Thus, the EVS codec is likely to gain attractiveness if re-configuration of the audio path between sampling frequencies of 8kHz, 16kHz, 32kHz, and potentially 44.1kHz and 48kHz can be avoided.
To avoid this issue, we propose to set a requirement to the EVS codec so that it shall be capable of operating on a fixed sampling frequency for input and output signals irrespective of the current mode/audio bandwidth. This implies that the codec shall handle the necessary re-sampling filters. This requirement doesn’t preclude the possibility to change the i/o sampling frequency during a call.
In addition, we propose to list the required minimum set of operating input and output sampling frequencies to the typical values of 8, 16, 32, 44.1 and 48kHz.

The fact that modern UEs provide sharper re-sampling filters than the traditional frequency masks for WB and SWB (with an upper limit of 7kHz and 14kHz, respectively) and the provisioning of the EVS internal re-sampling routines makes it possible to increase the bandwidth of WB and SWB signals beyond the traditional 7kHz and 14kHz limits. To allow the optimal utilization of different UE hardware and the EVS internal re-sampling, the source suggests that the EVS codec utilizes the entire bandwidth available for the lowest WB and SWB sampling frequencies, i.e., up to 8kHz for WB and up to 16kHz for SWB.

Summary and Conclusion

In summary we propose the following additions to design constraints:

	Parameter
	Design Constraint
	TR 22.813 V10.0.0
	note

	Audio Bandwidth
	The EVS codec shall support encoding and decoding of audio signals with  
· NB bandwidth,

· WB bandwidth,

· SWB bandwidth.

The EVS codec may support encoding and decoding of audio signals with 
· FB bandwidth
The bandwidth of NB signals may range from 100Hz to 3400Hz. The bandwidth of WB signals may range from 50Hz to 8000Hz. The bandwidth of SWB signals may range from 50Hz to 16kHz. The bandwidth of FB signals may range from 20Hz to 20kHz.

The EVS codec shall support input-/output sampling frequencies of 8kHz, 16kHz, 32kHz, 44.1kHz, and 48kHz.

The EVS codec shall support encoding and decoding of audio signals at a given fixed sampling frequency independently from the current mode and audio bandwidth being used. E.g. it shall support operation at 48kHz on NB modes. This implies that the EVS codec shall provide the necessary re-sampling functions at its input and output.
	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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