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1. Introduction

This contribution presents the updated proposal on EVS codec design constraints from Huawei Technologies for discussion and introduction into the current version of the permanent document on EVS design constraints.
2. Bitrates
As pointed out in [1] and following the optimization work done in RAN groups, for an efficient transport over LTE,  the source coding bitrates as well as application layer packetization has to be chosen such that it fits in the predefined transport block sizes as specified by in 3GPP TS 36.213. 

The source however questions the assumptions on the RTP payload format which is outside the responsibility and scope of standardization in 3GPP. Assuming that the RTP payload format size would be that of AMR-WB is unrealistic and would risk a costly mismatch between what is assumed as a hard design constraint for the EVS codec activity and what would in the end be agreed and adopted in IETF. Hence, the source proposes to limit the definition of bit rates as the range of source coding bit rates [2] in the design constraints.
The source however, recognizes that there is a need to define some operation points for testing the performance of the codec. In order to accommodate both needs, the source proposes to define a list of bitrates for the codec in the test plan of the EVS coding activity. Those bit rates should consist of that of the complete payload, including the payload header and the source coding payload.
Since it is envisioned that the codec will be tested in realistic VoIP scenarios as suggested by the target of the study phase of the EVS activity TR 22.813, it is therefore the responsibility of the candidates to the EVS codec activity to supply a codec with both a proposal of a payload format and its implementation for testing. The bitrates for the operating points would therefore be defined as the total application layer bitrates. 

	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 support source coding bit rates allowing efficient transport over the LTE air interface, including, but not limited to, the following ranges:

· For Narrow-band mono signals the codec shall operate at 6 - 12 kbps.

· For Wide-band mono signals the codec shall operate at 6 - 32 kbps for high bit rate applications.

· For Super-wideband mono signals the codec shall operate at 12 - 64 kbps for high bit rate applications.

· For Full-band mono signals the codec shall operate at 12 - 128 kbps for high bit rate applications.

· For efficient transport over LTE the TBS – 8 octects according to 3GPP TS 36.213 shall be used as the constraint on the actual bitstream plus payload format corresponding to one EVS frame. 
	


3. Complexity

In order to not focus the computational complexity on specific DSP implementations and to avoid potential confusions on WMOPS definition, we propose to set the EVS design constraint on computational complexity as relative to those of AMR-WB. This would allow assessing and verifying the complexity of the EVS codec using any methodology while not reinterpreting the design constraints,
	Complexity
	Computational complexity should be as low as possible. 

The AMR-WB interoperable modes shall be less complex than 1.25 x AMR-WB complexity.

The mandatory part of the EVS codec shall be less complex than 1.75 x AMR-WB complexity.

The overall complexity of EVS codec (including mandatory and optional parts) shall be less complex than 2 x AMR-WB complexity.


	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).


4. Delay

The source supports a two delay mode approach and an input on the delay for the EVS design constraints is provided in a separate document [3].
5. VoIP support in EVS.
During the discussion leading to the agreed TR 22.813, the source [4] has already insisted on the importance of an IP optimized operation for the 3GPP EVS codec and the necessity to perform realistic testing involving all components of a VoIP communication scenario. Indeed, one of the main points justifying the EVS activity is “Progress of speech coding technology should make possible very significant enhancement of coding efficiency, quality of service and overall speech coding performance over IP” [TR 22.813].   

The source therefore proposes the following design constraint:

	VoIP
	The codec shall provide all functionality for VoIP support. Including packetization and depacketization according to an RTP payload format.

Candidates shall provide a complete JBM solution fulfilling or exceeding the minimum performance requirements of TS 26.114
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