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Introduction
This document represents the source’s view on selected items of the EVS design constraints and gives suggestions for the EVS-4 EVS-design constraints permanent document.
Audio Bandwidth and Sampling frequencies

During SA4-61 a large portion of the design constraints for bandwidth and sampling frequencies was agreed [1]. One note was left in square brackets and some discussion on the understanding of this sentence took place. The intention of this note was to clarify that an EVS candidate shall be allowed to provide a frequency response that is narrower than the maximum possible frequency response for a given input or output sampling frequency, e.g., when the codec operates at 32 kHz sampling rate it shall be allowed to provide a signal that has support in the frequency domain up to, e.g., 8kHz. This allows a proponent to provide the signal bandwidth maximizing the quality for a given situation. It is known that, for example, at very low rates it is beneficial to reduce audio bandwidth to be able to reduce coding artefacts. Thus, the sources proposes to agree on a slightly modified wording of the note. In the text below black text represents text agreed and blue modifications to it. 
	Sampling Frequency and Audio Bandwidth
	The encoder and decoder shall support 8, 16, 32, and 48 kHz sampling rates. 

The encoder shall support arbitrary sampling rate of the input signal from the set of supported sampling rates.

The decoder shall support arbitrary selecting the decoded signal output sampling rate from the set of supported sampling rates.

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 support input signals with different input signal bandwidth (NB, WB, 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 8Khz 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, the frequency response of the codec may be narrower in bandwidth 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.




EVS codec bit-rates

See contribution S4-110036.
Complexity

The complexity design constraint was discussed during two EVS ad-hoc conference calls and a agreement on parts of the design constraint text for complexity was found. This text is written in blue font in the table below. The black part is a suggestion of the source for the actual limits and definition of the complexity design constraint.

The computational complexity is suggested to be defined relative to AMR-WB complexity. This way the EVS-4 document gives useful information about the expected computational complexity of EVS to terminal and system manufacturers and vendors that have experience with current 3GPP speech codec implementations. A second advantage with this way of defining EVS complexity is that it allows relating the maximum complexity of EVS to the most recent 3GPP conversational codec and yet decouples this relation from the discussion of what exact method to use for the instrumentation of the EVS candidates and how to update the instrumentation of the AMR-WB complexity assessment to the one chosen for EVS. While the source acknowledges the need to answer the above two questions we see an advantage to be able to address the different issues step by step.
In addition to the computational complexity, the source suggests defining memory limits under the complexity design constraints. While memory is an ever increasing resource on modern devices it is still true that, for example for DSP based media gateways, the fastest and most easily accessible memory resides close to the DSP. This fast memory is still limited and it is advantageous both in terms of power consumption and processing speed to limit the read and write operations outside this fast memory as much as possible. Hence, in order to reflect memory constraints of MGWs it is proposed to keep the way of specifying EVS codec memory design constraints in the way it was practice in earlier 3GPP speech codec exercises like AMR or AMR-WB. Separate memory limits should be specified for (dynamic) RAM, ROM and PROM.
	Parameter
	Design Constraint
	TR 22.813 V10.0.0
	note

	Complexity
	Complexity limits are applied according to the following categories:

· Required operation modes (up to SWB, mono)  incl. required functionality (e.g. VAD/DTX/CNG) excluding AMR-WB interoperable modes (see below) and codec support functions (see below)

· Computational: [tbd] 1.8 * AMR-WB WC complexity
· [Memory: [tbd]
· RAM: [tbd] kWords
· ROM: [tbd] kWords
· Program ROM: [tbd] * Program ROM of AMR-WB
· AMR-WB interoperable modes incl. VAD/DTX/CNG excluding codec support functions (see below)

· Computational: [tbd] 1.3 * AMR-WB WC complexity
· [Memory: [tbd]
· RAM: [tbd] kWords
· ROM: [tbd] kWords
· Program ROM: [tbd] * Program ROM of AMR-WB
· Recommended and optional operation modes excluding codec support functions (see below)

· Computational: [tbd] 2.0 * AMR-WB WC complexity
· [Memory: [tbd]
· RAM: [tbd] kWords
· ROM: [tbd] kWords
· Program ROM: [tbd] * Program ROM of AMR-WB
· Support functions: audio resampling, (per channel)

· Computational: [tbd]  0.1 * AMR-WB WC complexity
· [Memory: [tbd]
· RAM: [tbd] kWords
· ROM: [tbd] kWords
· Program ROM: [tbd] * Program ROM of AMR-WB

	6.1.5
	The EVS Codec should be implementable on a mobile device using today’s technology. The EVS codec should provide low computational complexity not significantly exceeding the design limits set during the AMR-WB codec standardization, and should have low memory usage. Increased computational complexity and memory usage should be commensurate with the gain in quality of user experience (e.g. higher audio bandwidth such as SWB or stereo if it is supported) or with increased efficiency (e.g. lower bit rate for same quality when compared to a reference codec).




DTX operation

During the EVS SWG ad-hoc teleconference on Dec. 7, 2010 it was agreed to have at least one lower-rate range for which DTX operation shall be mandated and one higher-rate range for which DTX operation may be supported. Given this agreement and the text agreed during SA4#60 [3] (in black) the source proposes the following text for DTX operation
	
	Design Constraint
	TR 22.813 V10.0.0
	Note

	DTX operation
	· The codec shall provide a complete VAD/DTX/CNG framework.

· DTX operation shall be supported for all operation modes with gross-rates ≤ 24.4 kb/s with a SID frame size not exceeding the limit defined in the bit-rate section.

· DTX operation may be supported for all operation modes with rates > 24.4 kb/s with SID frame size and SID update period within reasonable limits.

· SID update frames shall be sent at regular intervals with a frequency not exceeding once per 8 frames for modes with gross-rates ≤ 24.4kbps 
	
	


Rate switching

In section 6.1.3 of the EVS TR [2] it is stated “…It is recommended that the offered span of bit rates shall be wide enough to allow for rate adaptation in response to available transmission resource.” In addition, it was agreed at SA4#60 to have a design constraint on rate switching [2].

In response to this part of the TR and the decision from SA4#60 we suggest to add the following design constraint on rate adaptation

	
	Design Constraint
	TR 22.813 V10.0.0
	Note

	Rate switching
	The codec shall allow rate switching throughout the entire bit-rate range within a single delay mode on a frame by frame basis. This includes switching between different bandwidths and numbers of channels. The switching shall be seamless without switching artefacts at least for a set of rates determined in the performance requirements [4].
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