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Introduction
The EVS Work Item [1] and TR [2] were approved at TSG-SA#47 meeting and the EVS standardization activities started at the TSG-SA4#58 meeting. This document proposes the design constraints of EVS from an operator’s perspective.
Rationale
Since EVS codec is intended for EPS, it is assumed that LTE is the primary RAN for the codec. As given in [2], AMR and AMR-WB are defined as default codecs for MTSI in Rel-9 system, therefore Rel-9 LTE network system will primarily be designed and tuned for those codecs. To keep network implementation efforts as small as possible, the EVS design constraints should take into account the network aspect, specifically, frame size and bitrate modes, of Rel-9 LTE specifications that mandate use of both AMR and AMR-WB for conversational services.

In addition, the use cases of EVS is expected to be extended compared to existing codecs. On the other hand, the number of bitrate operating modes of EVS codec should be kept minimum because this reduces implementation and very costly testing efforts. 
Based on the above, this document proposes design constraints from an operator’s point of view.
Design Constraints
	Parameter
	Design Constraint
	TR 22.813 V10.0.0
	Note

	Audio Bandwidth
	Codec at narrow band (NB) mode shall allow an input/output signal sampled at 8 kHz with an audio bandwidth of 100 – 3,400 Hz
Codec at wide band (WB) mode shall allow an input/output signal sampled at 16 kHz with an audio bandwidth of 50 – 7,000 Hz

Codec at super-wide band (SWB) mode shall allow an input/output signal sampled at 32 kHz with an audio bandwidth of 20 – 14,000 Hz
	6.1.1.
	Codec at SWB mode should be capable of encoding signal at least 20 Hz for music and mixed content.

	Number of audio channels
	Codec shall support monophonic coding.
	6.1.2
	

	Bitrates
	Codec shall be capable to operate at 12.2 kbit/s and 24.4 kbit/s.
	6.1.3
	Keep capacity as same as widely adopted AMR 12.2 kbit/s, and the bitrate shall be matched to it.  Multiples of 12.2 is preferred, for higher bitrate modes. 

	Algorithmic Delay
	Codec algorithmic delay shall not exceed 50 ms.
	6.1.4
	The algorithmic delay shall be constrained by total end-to-end delay allowed for conversational services in the EPS.

	Complexity
	Codec complexity for SWB should not exceed 80 WMOPS.
Codec complexity at NB and WB modes should be lower than SWB.
	6.1.5
	

	Frame size
	The frame size of codec shall be 20 ms.
	
	The frame size shall be matched to that of AMR and AMR-WB.

	Packet Loss Concealment
	Codec description should provide a packet loss concealment algorithm.

	
	Selection test should include the packet loss concealment algorithm. 

The packet loss pattern should be close to the real one (e.g. the pattern obtained by LTE simulations).

The PLR of the pattern should not exceed 3%.

	Jitter Buffer Management
	Codec description should provide a Jitter buffer management algorithm.
A jitter buffer management algorithm shall be designed only for the delay jitter derived from the network.
	
	Selection test should include the jitter buffer management algorithm. 
The jitter buffer management algorithm should not be mandatory, but a reference code should be provided.
The jitter buffer size shall be constrained by identifying all possible delay elements in the EPS.

	Noise Reduction
	Codec description may provide a noise reduction algorithm when coding a speech signal at NB mode with a low bitrate.
Use of noise reduction algorithms for WB and SWB modes should be avoided.
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