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1. 
Introduction

The Enhanced Voice Service (EVS) codec standardization was initiated in 3GPP SA4 in April 2010. So far the work has focused on codec requirements, mostly design constraints. The current status of EVS design constraints can be found in [1].

The objective of the present contribution is to make proposals on top of [1] to progress the P-doc on design constraints. This contribution extends on earlier proposals [2,3] and previous SA4 EVS SWG discussions. For the sake of completeness, all proposals made in this document are captured in a table in Annex A.
2. 
Proposals
The proposals below are split by design parameters.
2.1
Sampling Frequency and Audio Bandwidth

The level of specification of the 48 kHz was left undecided at SA4#60 with '[may/shall]'. A strict interpretation of the EVS TR [4] would result in 'may' for this sampling frequency, given that it is associated with optional fullband support [2]. On the other hand, some technical motivations associated with mobile platforms and terminals were provided in [5] to justify 'shall'.
From the discussions on terminal acoustics (SQ SWG and offline), it appears that some terminals support 48 kHz not only in the audio path, but also in the codec hardware. After the justifications given in [5], we propose here to specify a mandatory support of 48 kHz while keeping an optional support of fullband. This approach stays along the recommendations of the EVS TR for fullband and accommodates the requests of some terminal/platform vendors.

The selection of arbitrary decoder output sampling frequency is required in [1], while this constraint was left undecided for the encoder part. At the transmitter (TX) side, the input sampling frequency is typically constrained by the acoustic front end, however the arguments on the audio path which may operate at 48 kHz apply also here. It therefore makes sense to allow the same level of flexibility at the encoder as at the decoder. It is therefore acceptable for the Source to require the selection of arbitrary encoder input sampling frequency.
2.2
Number of audio channels

At SA4#60, the EVS SWG spent some time discussing and editing some text to specify the minimal bandwidth associated with stereo support. Although these aspects have some value, we view this discussion as secondary and recommend postponing it after the key aspects of design constraints are settled.

With the current status of design constraints, we propose to skip the text associated with the minimal bandwidth associated with stereo support, or at least to park it until key issues are resolved.
2.3
Bit rates
In [2,3] bit rate ranges from near 6 up to 128 kbit/s were proposed for the non interoperable modes of the EVS codec. When performance requirements will be defined, more precise operating points will be needed. Moreover, in previous SA4 meetings it was acknowledged that the main constraints for bit rates on LTE are transport block sizes (TBS).
Therefore, we propose here to require a minimal set of (constant) bit rates for the EVS codec, irrespective of the audio bandwidth / sampling frequency. Note that this minimal set of bit rates cannot be too large to simplify discussions on performance requirements and testing. Furthermore, the proposed rates shall be mapped to TBS.
In a first step, for EVS qualification, we propose to require bit rates aligned with AMR-WB (from near 6.6 up to near 24 kbit/s) and than integer bit rates from 32 to 128 kbit/s. Note that the lower rates (6.6, 8.85, 12.65 kbit/s) correspond to the mandatory AMR-WB rates defined for TFO/TrFO. In this step, we assume an EVS payload format similar to AMR-WB. For EVS selection, we propose to require the actual payload format to be defined.
It was argued in previous SA4 meetings that 128 kbit/s targeting 'transparency' may be too high while 'transparency' may be ill-defined or hard to achieve for any critical item. We propose to deal with cases of quality saturation by allowing to skip the 128 kbit/s after codec selection if no significant improvement is shown at 128 kbit/s compared to lower bit rates (96 kbit/s).
Note that the proposals made here do not exclude variable bit rate (VBR) operation.
2.4
Delay
Existing 3GPP conversational codecs have an algorithmic delay of the order of 25 ms. Moreover, the EVS TR [4] clearly recommends (see Section 5.1):
" The improvement of the end-to-end quality should address all parts of the transmission chain."
Following this recommendation, the Source considers that the EVS codec shall support a delay that does not exceed significantly the delay of AMR and AMR-WB (at least for narrowband wideband modes of EVS, but this extends to other modes). This requirement ensures that the EVS codec does not degrade any aspect of the current service performance offered by AMR and AMR-WB. As already stated during SA4#60, the Source considers a maximal margin of 5 ms as tolerable, which gives a constraint of 30 ms.

It is also underlined that unlike codec quality/capacity tradeoffs that may be adjusted using bit rates, once the codec is defined the codec algorithmic delay (related to end to end delay) is a hard limit that cannot be further adjusted for possible use cases where delay reduction could be seen as a key feature (e.g. high quality conferencing or LTE capacity issues). 

Still, the EVS TR also calls for significantly better quality compared to pre-Rel10 services. The source sees some potential benefit in requiring an additional delay mode for the EVS codec. Initially a limit of 40 ms was proposed in [2], however it can be argued that a 10 ms difference is not enough to justify a second delay mode. We propose here to extend this limit to 50 ms, following some proposals made in previous SA4 meetings. Such additional delay is seen as a way to make the EVS codec more future proof with respect to any future usage and to fit the needs and reach consensus in 3GPP SA4 between different views and needs on delay requirements.
2.5
Complexity
Proposals made in [2] are repeated here. In addition, we propose to require 5 WMOPS for the additional complexity for VAD/DTX/CNG.
3. 
Conclusion
This contribution focuses on the open and key issues of EVS design constraints.  Proposals are provided with the objective to progress the associated EVS codec requirements.
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ANNEX A:  
Proposed Updated Design Constraints
The column 'existing text' below is copied from [1]. The proposed revisions appear in bold in the column 'Proposed text'. 
	Parameter
	Existing text
	Proposed text

	Sampling Frequency and Audio Bandwidth
	The encoder and decoder shall support 8, 16, 32 kHz sampling rates and [may/shall] support 48kHz sampling rate. 

 [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.

Editors note: The counting of complexity and delay for achieving arbitrary [encoder /] decoder [input /] output sampling rates needs to be agreed in the delay and complexity figures for the final acceptance of the [input /] output sampling rate selectivity in the [encoder /] decoder.
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 sampling rate, the encoder shall support selecting the audio bandwidths (NB, WB, SWB, and optionally FB)  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 
	The encoder and decoder shall support 8, 16, 32 kHz sampling rates and shall support 48kHz sampling rate. 

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.

Editors note: The counting of complexity and delay for achieving arbitrary encoder / decoder input / output sampling rates needs to be agreed in the delay and complexity figures for the final acceptance of the input / output sampling rate selectivity in the encoder / decoder.
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.



	Number of audio channels
	The EVS codec shall support mono coding with one channel input and one channel output.

The EVS codec may support stereo coding with two channels input and two channels output.

If stereo is supported the EVS codec [may/should/shall] support stereo at WB.

If stereo is supported the EVS codec [should/shall] support stereo at SWB.

If stereo and full-band are supported the EVS codec [should/shall] support stereo at FB.

If stereo capability is provided the decoder shall offer the possibility to render a mono compatible signal from the received stereo bitstream

Note: The quality of the mono compatible signal shall be verified.

	The EVS codec shall support mono coding with one channel input and one channel output.

The EVS codec may support stereo coding with two channels input and two channels output.

If stereo capability is provided the decoder shall offer the possibility to render a mono compatible signal from the received stereo bitstream

Note: The quality of the mono compatible signal shall be verified.

	Bit Rates
	· The codec shall offer AMR-WB interoperable modes with the following bit rates:

6.6, 8.85, 12.65, 14,25, 15.85, 18.25, 19.85, 23.05, 23.85 kbps 


	· The codec shall offer AMR-WB interoperable modes with the following bit rates:

6.6, 8.85, 12.65, 14.25, 15.85, 18.25, 19.85, 23.05, 23.85 kbit/s 

· Non-interoperable modes of EVS shall support at least the following constant bit rates (CBR):

6.6, 8.85, 12.65 [or 12.2], 15.85, [23.85 or 24.4], 32, 64, 96, 128 kbit/s
Other bit rates may be offered

Note 1: For qualification, the above rates assume a payload format similar in size to AMR/AMR-WB.  For selection, the LTE TBS should be used as the constraint with evidence of payload format to be provided. 
Note 2: The bit rate of 128 kbit/s may be removed after selection if no significant improvement is shown over 96 kbit/s


	Algorithmic Delay
	The codec shall provide AMR-WB interoperable operation (with rates specified above) at a maximum algorithmic delay of AMR-WB delay (25.9375ms) + [x]ms = [y]ms.

Editors note: It is anticipated that 0<=x<=5
	The EVS codec (incl. AMR-WB interoperable operation) shall operate at a maximum algorithmic delay of 30 ms.

In addition to this default mode, the EVS codec shall provide an additional delay mode with maximum algorithmic delay of 50 ms. The additional delay mode, if provided, may be kept after selection if significant improvements with respect to the default mode.

	Complexity for mono
	tbd
	The EVS codec (excluding AMR-WB interoperable modes and VAD/DTX/CNG) shall have a complexity  ( 60 wMOPS
The AMR-WB interoperable modes of the EVS codec (excluding VAD/DTX/CNG) shall have a complexity ( 50 wMOPS
Additional complexity for VAD/DTX/CNG in all modes:  ( 5 wMOPS
NOTE: The set of basic operators is to be defined to provide an unambiguous definition of complexity

Memory (RAM, ROM, PROM) tbd


	Backward Interoperability
	Support for all AMR-WB codec formats used in 3GPP conversational speech telephony services, including CS, shall be provided.
	Support for all AMR-WB codec formats used in 3GPP conversational speech telephony services, including CS, shall be provided.

	Frame length
	The codec shall operate with a frame size of 20 ms.
	The codec shall operate with a frame size of 20 ms.
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