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1. General
This document reports compliance to the EVS design constraints of NTT DOCOMO's candidate algorith. As a summery, the candidate solution meets all the EVS design constraints defined by EVS-4. The table in the following section describes compliance to each constraints in detail based on the table in EVS-4. As a consequence, NTT DOCOMO's candidate algorithm is compliant to the EVS design constraints.
2. Compliance to the EVS design constraints
	Parameter
	Design Constraint
	TR 22.813 V10.0.0
	Compliance

	Sampling Frequency and Audio Bandwidth
	The encoder shall support 8, 16, 32, and 48 kHz sampling rates in all operation modes. 

The decoder shall support 8, 16, 32, and 48 kHz sampling rates in all operation modes. 

Note: Functions that are necessary only for achieving the arbitrary selection of encoder / decoder input / output sampling rate are envisioned to be an informative part of the EVS standard. 
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 an input indicating the maximum audio bandwidth (NB, WB, SWB, and optionally FB) to be encoded. This input may not be provided in all cases.


	6.1.1.
	YES
Note: FB is not supported.



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

The EVS candidate codecs 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 bit stream.

Note: The quality of the mono compatible signal shall be verified.
	6.1.2
	YES
Note: Mono only

	Bit Rates
	For non-interoperable modes of EVS:

The net source coding bit rates (EVS payload) shall be derived from the gross bit rates (EVS payload and payload header) by subtracting non-negative integer multiples of 0.4 kb/s to account for the RTP payload header.

The EVS candidate codecs shall support fixed rate source coding at gross bit rates of 7.2 kb/s, 8, 9.6, 13.2, 16.4, and 24.4 kb/s. Further the EVS candidate codecs shall support fixed rate source coding at net source coding bit rates of 32, 48, 64, 96, 128 kb/s.

The EVS candidate codecs should support source controlled variable bit rate (VBR) coding at 5.9 kb/s average gross bit rate over active speech as determined by the candidate codec’s VAD. The average gross bit rate over active speech shall not exceed 5.9 kb/s by more than 5% on the speech database used for selection testing. VBR coding of active speech shall be composed of frames from a subset of the following per-frame gross bit rates:  2.0, 2.8, 4.0, 5.6, 7.2, 8.0 kb/s.  

EVS candidate codecs may support source controlled variable bit rate (VBR) coding at higher average bit rates; the peak per-frame gross bit rate shall not exceed 150 percent of the average bit rate. For average rates below 32 kb/s, VBR coding shall be composed of frames that are transported efficiently using LTE Transport Block Sizes (TBSs) defined in TS 36.213.

SID frames shall not exceed a gross bit rate of 56 bits per frame.

For interoperable modes of EVS:

The candidate codecs 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 kb/s 

For AMR-WB interoperable operation the candidate codecs shall provide AMR-WB interoperable SID frames of 40 bits (net source size) during DTX operation. 
	6.1.3
	YES
Note: See S4-130325.
Note: 5.9 VBR is not implemented.


	Algorithmic Delay
	The algorithmic delay shall be less than or equal to 32 ms, with the following exceptions:

· For optional stereo the algorithmic delay shall be less than or equal to 50 ms.

Note: The algorithmic delay for EVS is defined as the frame size buffering delay plus any other delays inherent in the codec algorithm (e.g., look-ahead, sample-rate conversion, and decoder post-processing).

The algorithmic delay of the EVS candidate codecs excludes processing delay (e.g., runtime of the DSP to process the speech frame at encoder and decoder), and channel transmission delays.

	6.1.4
	YES
32 ms

	Complexity
	Complexity limits are applied according to the following categories. The computational complexity and program ROM (PROM) of the candidate codecs for each category shall be measured with ITU-T STL2009 [1] as the observed worst-case encoder + observed worst-case decoder complexity within the same category.
Required operation modes (up to SWB, mono)  including 

· support for all mandatory bit rates

· support for all mandatory sampling rates

· support for rate switching

· VAD/DTX/CNG

· PLC

· RTP packaging

· AMR-WB interoperable modes

and the recommended /optional source-controlled VBR operation modes excluding JBM

Computational:

wMOPS
(  88 wMOPS, approximately 2 x wMOPS complexity of AMR-WB estimated with ITU-T STL2009.

Memory:
RAM
( 100 kwords ((  16 ( RAM of AMR-WB speech codec: 6.5 kwords)

ROM
( 100 kwords ((  10 x ROM of AMR-WB speech codec: 9.9 kwords)

Program ROM ( 10*Program ROM of AMR-WB speech codec (The AMR-WB PROM estimated with ITU-T STL2009 equals 5426 STL2009 operators)

All other operation modes excluding JBM

Computational:

wMOPS
( 135 wMOPS, approximately 3.1 x wMOPS complexity of AMR-WB estimated with ITU-T STL2009

Memory

RAM
(  200 kwords ((  31 ( RAM of AMR-WB speech codec: 6.5 kwords)

ROM
( 200 kwords ((  20 x ROM of AMR-WB speech codec: 9.9 kwords)

Program ROM ( 10*Program ROM of AMR-WB speech codec (The AMR-WB PROM estimated with ITU-T STL2009 equals 5426 STL2009 operators)

Note: The computational complexity and memory usage of the JBM must be reported.

Note: Estimation of AMR-WB complexity using ITU-T STL2009 was done in [2] and [3]. Estimation of PROM using ITU-T STL2009 was done in [4].
	6.1.5
	YES
Note: Figures reported below were measured by floating point implementation of the candidate algorithm. Computational complexity was estimated with STL2009 tool using the scaling factor of 1.1.
Computational:

  77 wMOPS

Memory:

RAM:
  90 kwords

ROM:

  95 kwords

PROM:

  42 k operators

Complexity of the JBM solution (for information)

Note: Figures reported below are the worst case encoder and the worst case decoder with JBM. 
Computational:

  101 wMOPS

Memory:

RAM:

  100 kwords

ROM:

  91 kwords

PROM:

  43 k operators

	Backward Interoperability
	The candidate codecs shall provide all AMR-WB codec formats used in 3GPP conversational speech telephony services, including CS.
	6.1.6
	YES

	Frame length
	The candidate codecs shall operate with a frame size of 20 ms.
	
	YES
20 ms

	Jitter Buffer Management (JBM)
	A JBM solution conforming to the requirements in TS 26.114, except for the functional requirement in sub-clause 8.2.2 of TS 26.114: “Speech JBM used in MTSI shall support all the codecs as defined in clause 5.2.1”, shall be provided with the candidate codecs. 
	
	YES
Note: See S4-130328.

	Rate switching
	The candidate codecs shall perform rate switching upon command to the encoder throughout the entire bit rate range at arbitrary frame boundaries. This may imply switching between different bandwidths and between mono and stereo if stereo is supported.
	
	YES
Note: See S4-130328.

	Packet loss concealment (PLC)
	A PLC solution shall be provided by the EVS candidate codecs.
	
	YES

	RTP payload format
	Candidate codecs shall provide an RTP payload format specification supporting the full set of features and functionality of the EVS candidate codecs.
	
	YES

	DTX
	The candidate codecs shall provide a complete VAD/DTX/CNG framework. It shall be possible to operate the codec with DTX on or DTX off.

In the AMR-WB interoperable modes, the source controlled rate operation shall be interoperable with AMR-WB according to TS 26.193. Otherwise the following applies:

· 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 a SID frame size not exceeding the limit defined in the bit rate section.

· SID update frames shall be sent with a frequency not exceeding once per 8 frames 


	
	YES

	Output gain limitation
	The EVS candidate codecs shall not amplify the output signal relative to the input signal beyond limits. 

The limits and methodology to measure the amplification is described in the EVS-7a,b processing plan permanent document.


	
	YES
Note: See S4-130328.










































