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1. Introduction

At the last 3GPP meeting, the support of audio bandwidths, their definitions and corresponding sampling rates have been discussed. In light of the proposals in [1] and the agreed text in [2], this document provides additional clarifications and proposes corresponding bandwidth and sampling rates design constrains.

2. Separation between Audio bandwidths and Sampling rates
3GPP TR 22.813 [3] contains a note that hints to the definitions of Audio bandwidths and associated sampling frequencies typically used… 

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.

However, in the context of the future EVS codec, and its target applications which range from high efficiency narrowband speech encoding up to potentially full-band audio quality, it is clear that the EVS encoder must support different sampling rates, with at least 8kHz, 16kHz and 32kHz and 48kHz for full-band support. 

Given the fact that the EVS codec will operate in an environment where audio bandwidth may switch from NB to WB and to SWB, e.g. handover scenarios, bitrate rate changes, it is important that the codec is flexible enough to provide such type of encoding and decoding without the need to change the input sampling rate of the encoder or the output sampling rate of the decoder during a session. 

In fact, changing the sampling rate on the fly may result in several implementation problems the solution of which does not always lead to seamless switching in terms of quality.  Either the hardware sampling rate needs to be changed and a new audio path has to be setup, in this case, the original audio output stream may need to be paused and restarted, or the application will insert a Resampling at the decoder output which would create a need for additional re-buffering and unnecessary latency. A far better solution consists of letting the decoder maintain a constant sampling rate (fs_out) during a call. This sampling rate may be chosen at session startup, or set by the UE. This requires that all the necessary functionality to resample the decoded signal to the desired sampling rate (fs_out) directly integrated within the decoder.
The implications, in terms of design constraints, are that the encoder shall be able to encode any desired audio-bandwidth regardless of which sampling rate is used (within the inherent limitations of bitrates, i.e. not all bitrates allow for encoding of a certain bandwidth).  A similar freedom should be given to the decoder such that regardless of which encoded audio bandwidth is “carried” in the bitstream, the decoder shall be able to output the decoded signal at any given sampling rate.

Figure 1; illustrates how the choices of the encoded bandwidth are made at the encoder and the corresponding selection of output sampling rate is made at the decoder. In addition, the figure illustrates also the other control parameters of interest to the encoder, i.e. input sampling rate and desired bitrate. 
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Figure 1: Input parameters for selection of Audio bandwidth, bitrate and input and output sampling rates. (dashed lines resprensent control parameters)
These parameters are “signaled” to the codec as control parameters. With such design constraints, it is possible to switch, at the encoder side, bit-rate and encoded bandwidth without the need to explicitly change the encoder sampling rate.  At the decoder, if the bitrate or encoded bandwidth carried in the bitstream (or signaled through RTP payload format) changes, the sampling rate is maintained to the desired fs_out parameter.

It should be noted that not all combinations of input sampling rates, desired audio bandwidth and bitrates are allowed. For the latter, bitrates are still pending agreement. However, for the coded bandwidths, one could easily derive what bandwidths are allowable for a given sampling rate. Table 1 illustrates the allowable bandwidths for a given sampling rate.

Table 1: Allowable audio bandwidths for an input sampling rate. x denotes mandatory bandwidths, o denotes optional bandwidths
	Sampling rate\ Audio bandwidth
	NB
	WB
	SWB
	FB

	8kHz
	x
	
	
	

	16kHz
	x
	x
	
	

	32kHz
	x
	x
	X
	

	48kHz
	x
	x
	X
	o


3. Impact on design constraints

From the discussion above, the source believes that the support of selecting which bandwidth to be encoded at a given sampling rate as well as the support of selecting an output sampling rate is paramount for this activity. The set of sampling rates to be supported by the codec (encoder + decoder) is to a certain extent secondary and is an independent issue from the support of audio bandwidths. 

It is therefore proposed to separate these two issues by creating a new box in the design constraints addressing the support of sampling rates and their selection separately from the audio bandwidth.

	Sampling rates
	The encoder shall support input sampling rates of 8kHz, 16kHz, 32kHz and 48kHz

The decoder shall support selecting the decoded signal output sampling rate from the set of 8kHz, 16kHz, 32kHz and 48kHz.

	Audio Bandwidth
	For a given sampling rate, the encoder shall support a selection of audio bandwidths to be encoded.
For an 8Khz sampling rate the encoder shall support NB; for a 16 kHz sampling rate the encoder shall support NB and WB; for a 32 kHz sampling rate the encoder shall support NB, WB, and SWB; for sampling rate 48 kHz the encoder shall support NB, WB, and SWB, in addition the encoder may support FB
.
Notes: 
- Table 1 for allowed bandwidth for a given sampling rate.
- The The exact bandwidth span of NB, WB and SWB will be defined in performance requirements and testing procedure documents.


4. Conclusion
This document provides clarification to the issues of bandwidth and sampling rate. It is proposed that these two parameters are separated in the formulation of design constraints. In addition, in order to make the EVS codec flexible and easy to integrate, it is proposed that the EVS codec supports the selection of the coded bandwidth as an input parameter to the codec, thus allowing the encoding of any desired (but allowable) bandwidth given an input sampling rate.
It is proposed that these design constraints are adopted for the EVS codec.
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