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1 Introduction

The development of the Enhanced Voice Service (EVS) codec was initiated at SA4#58 in April 2010.  Guidelines for this normative phase are given by the WID on Codec for EVS [1] and codec requirements in TR 22.813 [2]. The current design constraints and performance requirements can be found in [3,4]
The objective of the present contribution is to bring justifications for design constraints based on earlier proposals [5] and SA4#59 EVS SWG discussions. Below proposals are provided using change marks with respect to [3].
2 EVS Design constraints

2.1 Audio bandwidth
The current parameter 'Audio bandwidth' in [3] has text referring to sampling rate. From an editorial point of view we propose to rename the parameter as 'Input/output sampling rate and audio bandwidth'.

Currently [3] refers to 'NB', 'WB', 'SWB' and 'FB' using typical audio bandwidths given in TR 22.813, however audio bandwidth is not clearly defined. Furthermore, the support of 48 kHz sampling rate is conditional to the operation with 'FB signals'. The following update is proposed:
	Parameter
	Design Constraint
	note

	Input/output sampling rate and audio bandwidth
	The encoder and decoder shall operate at 8, 16, 32 kHz sampling rates and may operate at
 48kHz sampling rate. 

· Input signal bandwidth (NB, WB, SWB, FB) shall be defined by frequency masks applied to input signals (masks to be defined in the test plan).

	See Section 6.1.1 in TR 22.813 V10.0.0 
· 
· 




2.2 Bit rates

AMR-WB is part of EVS [2], therefore AMR-WB bit rates shall be listed as a design constraint for the interoperable modes of EVS. For bit rates of other operating modes, at least the minimum and maximum bit rates shall be specified to allow constraining codec design at minimal level. In [4] such ranges were provided by splitting all audio bandwidth cases. In the present document we propose a design constraint which includes the text from [4] but simplifies the constraint.

Regarding the actual operating bit rates, similar to what was done during AMR-WB standardization, it would be desirable to develop some realistic scenarios (use cases) on LTE/EPC (in terms of bearers, scheduling, and system assumptions) and to identify relevant test cases (bit rates) for the EVS codec within the proposed range (near 6 to 128 kbit/s).
	Parameter
	Design Constraint
	note

	Bit Rates
	The EVS codec bit rates shall span the range from (near) 6 kbit/s to 128 kbit/s.

The AMR-WB interoperable part of the EVS codec shall support all 9 modes of AMR-WB
	See Section 6.1.3 of TR 22.813 V10.0.0


2.3 Delay

The delay constraint should reflect the fact that AMR-WB is part of EVS. Moreover, from a service point of view it is desirable to ensure that EVS can operate with an algorithmic delay comparable with existing 3GPP conversational codecs (AMR, AMR-WB). Otherwise the end to end delay (including EVS algorithmic delay) would be significantly larger than in the existing situation. Therefore, we propose to mandate that EVS be able to operate with an algorithmic delay comparable to AMR-WB algorithmic delay (25.9375 ms).  From the precedence of different lookaheads between EFR and AMR12.2., some limited margin might be allowed for this delay constraint. 
Additionally, there can be benefits in relaxing delay, especially to reach significant quality improvements in some conditions, despites the fact that there might be impacts on actual system capacity.  As in [5], we propose here to have two delay constraints.

We assume here a default operation where the delay mode is defined at call setup and no delay adaptation can take place after call setup.

	Parameter
	Design Constraint
	note

	Algorithmic Delay
	The EVS codec shall support two algorithmic delay operating points.

In one delay operation point, the EVS codec (including AMR-WB interoperable modes) shall operate with an algorithmic delay

 ( 25.9375 ms + margin (tbd)
In the other delay operation point, the EVS codec shall be able to operate with an algorithmic delay

( 40 ms
	See Section 6.1.4 in TR 22.813 V10.0.0






In TR 22.813 [2] it is recommended to liaise with relevant 3GPP groups to validate limits for the algorithmic delay. When SA4 can reach an agreement on the delay parameter, this recommendation should be followed by communicating SA4's understanding and working assumptions for EVS delay in MTSI. 

2.4 Complexity

Complexity conventions should be clearly defined for fixed-point code. Will ETSI set of basic operators be used, or the latest version of basic operators in ITU-T software tool library (G.191)?

We propose to use AMR-WB complexity as an anchor point to set complexity requirements. This follows the principle of comparing EVS efficiency against pre-Rel10 coders [2]. We assume here a complexity of around 40 wMOPS for AMR-WB [6].

For the AMR-WB interoperable modes of EVS a margin of about 10 WMOPS (on top of AMR-WB) is proposed, while for the non-interoperable modes of EVS a margin of  20 WMOPS is proposed. Both cases exclude VAD/DTX/CNG. The following updates to [5] are therefore proposed:

	Parameter
	Design Constraint
	note

	Complexity in mono operation
	The EVS codec (excluding AMR-WB interoperable modes and excluding 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
NOTE: The set of basic operators is to be defined to provide an unambiguous definition of complexity
Memory (RAM, ROM, PROM) tbd
	See Section 6.1.5 in TR 22.813 V10.0.0



2.5 Other design constraints

The proposed constraints from [5] on the support of VAD/DTX/CNG, redundancy transmission and JBM are not repeated here, but should be also considered.
Besides the support of packet loss concealment shall be mandated in the EVS codec, which was missing in [5]. This gives the following parameter:
	Parameter
	Design Constraint
	note

	Error concealment
	The EVS codec shall support packet loss concealment


	See Section 6.2.3 in TR 22.813 V10.0.0
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