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6.3.3
1 Introduction
This document provides a qualification deliverables for EVS Qualification as defined in EVS-6 [1].
2 Proposal

1. High level technical description of the candidate algorithm

The high level technical description of the candidate is described in Annex A.

2. Report covering the compliance to Design Constraints

The report covering the compliance to the Design constraints is in Annex B.

3. Demo materials

There is no demo material provided as a Qualification deliverable.

4. Funding payment

Funding payment had been completed.

5. IPR declaration

IPR declaration is provided in Annex C as a separate document in S4-130322
6. Optional additional information

There is no optional additional information provided.

7. Listening test results using a common format for Qualification Phase

All the test results have been sent to the Global Analysis Lab. (GAL) using the defined Excel spreadsheet format.

8. Objective evaluation results

Objective evaluation results are provided in Annex D.
9. Legal framework to cover use of executables, unprocessed audio test material, processed audio test material, and test results

All the Proponents signed a multiparty NDA.

10. Speech Codec Executable (fixed or floating point)

The codec executable was provided to the Host Lab.

11. Report covering the Listening tests

The report showing conformance to the procedures as outlined in the Qualification Phase Test Plan will be provided separately.

3 Conclusion
This document provides the qualification deliverables according to the candidate proposed by NTT. All required Qualification deliverables are provided. Checking compliance of the EVS design constraints and Objective evaluations were successfully examined based on EVS-8a and EVS-7a [2], [3].
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Annex A: High Level technical description of the candidate codec
A.1
Introduction
This section provides the high level technical description of the candidate codec proposed by NTT.
A.2
High level technical description
Figure A.1 shows a block diagram of the encoder.
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Figure A.1: Block diagram of the encoder.
The encoder supports input sampling rates of 8, 16, 32, and 48 kHz in all operation modes.

At the encoder, features of input signal are analysed. Sampling rate conversion is also performed if needed depending on sampling rate of the input signal and target sampling rate. 
According to the analysis results and given coding states, one of the two main encoding processes, namely time domain Algebraic Code Excited Linear Predictive (ACELP) coding or frequency domain transformed coding, are selected. 
If DTX is turned on, DTX/CNG may be used based on the result of voice activity detection (VAD) that is a part of the signal analysis. 
In case of WB and SWB conditions, bandwidth extension (BE) has been activated on top of the core encoding tools. 
All processing frame size is 20 ms that is independent from signal bandwidth and operating bit rate. Additional algorithmic delay of 12 ms is necessary for frame overlap or look ahead.
All encoded bitstream from the coding tools described above is multiplexed (MUX) and send to the decoder.

Figure A.2 shows a block diagram of the decoder.
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Figure A.2: Block diagram of the decoder.
At the decoder, input bitstream (EVS frame data) is parsed and de-multiplexed (DE-MUX). Depending on the signalling flag bits in the bitstream, remaining bitstream is decoded either by ACELP or transform coding. DTX/CNG and BE are applied if necessary. 

In case of packed loss at the current or previous frames, packet loss concealment processes are activated. 
Post-processing is applied to the generated signal.
The decoder supports output sampling rates of 8, 16, 32, and 48 kHz in all operating modes.
A Jitter Buffer Management (JBM) function for handling RTP packets is also provided.
A.3
Proposed RTP payload of the EVS codec
Figure A.3 shows the proposed RTP payload format structure.
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Figure A.3: Proposed RTP payload format structure.
In this proposal, usage of multiple EVS frames transmitted in an EVS RTP payload is restricted to have the total size of the RTP payload (i.e., the EVS net frame data sizes or the EVS net frame data sizes plus the RTP payload header size if there is any) different from any multiple (including 1) of other net frame sizes for a single EVS frame of the mandatory operating modes (after byte alignment).
A.4
Proposed RTP payload for AMR-WB/IO mode
Same as RFC3267
Annex B: The report covering the compliance to the Design constraints
B.1
Introduction
The proposed technology complies with the EVS design constraints required for the Qualification candidates.
B.2
Compliance to the EVS Design constraints
Table B.1 shows the covering the compliance to the EVS design constraints.
Table B.1: Covering the compliance to the EVS design constraints
	Parameter
	Design Constraint
	TR 22.813 V10.0.0
	Compliance

	Sampling Frequency and Audio Bandwith
	The encoder shall support 8, 16, 32, and 48 kHz sampling rates in all operation modes.
	6.1.1
	OK

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

	
	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.
	
	OK
Note: Supports NB, WB, SWB
(FB is not required for Qualification)

	
	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.
	
	OK
Note: NB, WB, and SWB are supported.
(FB is not required for Qualification)

	Number of audio channels
	The EVS candidate codecs shall support mono coding with one channel input and one channel output.
	6.1.2
	OK

	
	The EVS candidate codecs may support stereo coding with two channels input and two channels output.
	
	-
This function is not required for Qualification.

	
	If stereo capability is provided the decoder shall offer the possibility to render a mono compatible signal from the received stereo bit stream.
	
	-
This function is not required for Qualification.

	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.
	6.1.3
	OK
Bit Rates of the required operating mode are tested as specified in Annex H: Objective Evaluation of EVS-8a (Tdoc S4-130127) and script provided in EVS-7a (Tdoc S4-130155). 

All of the BR conditions listed on Tables H.2, H.3, and H.4 in EVS-8a are PASSED.

	
	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.  
	
	-
This function is not required for Qualification.

	
	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.
	
	-
This function is not required for Qualification.

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

	Bit Rates
(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
	OK
This function is note










































































































 tested in Qualification.


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

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
	OK
(Algorithmic Delay of the proposed codec is 32 ms)

	
	· For optional stereo the algorithmic delay shall be less than or equal to 50 ms.
	
	-
This function is not required for Qualification.

	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
	OK
Complexity for the Required operation modes

Computational:

76 wMOPS

Note: This value was calculated based on the worst-case complexity of the encoder plus the worst-case complexity of the decoder per frame. Complexity is estimated using the complexity evaluation tool for floating-point C code in STL2009. The scaling factor of 1.1 was used.
Memory:

RAM: 85 kwords

ROM: 90 kwords

Program ROM: 40k STL2009 operators
Informative complexity for the Required operation modes with including JBM

Computational:

100 wMOPS
Note: This value was calculated based on the worst-case complexity of the encoder plus the worst-case complexity of the decoder per output frame including JBM processing.  Complexity is estimated using the complexity evaluation tool for floating-point C code in STL2009. The scaling factor of 1.1 was used.
Memory:

RAM: 95 kwords

ROM: 91 kwords

Program ROM: 41k STL2009 operations

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

	Frame length
	The candidate codecs shall operate with a frame size of 20 ms.
	
	OK
(Operating frame size of the proposed codec is 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.
	
	OK
JBM compliance to TS 24.114 is tested as specified in Annex H: Objective Evaluation of EVS-8a (Tdoc S4-130127) and script provided in EVS-7a (Tdoc S4-130155). 

All of the JBM conditions listed on Tables H.3, and H.4 in EVS-8a are PASSED.

	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.
	
	OK
Bit Rates of the rate switching conditions are tested as specified in Annex H: Objective Evaluation of EVS-8a (Tdoc S4-130127) and script provided in EVS-7a (Tdoc S4-130155). 

All of the BR conditions related to Rate switching listed on Tables H.2 and H.3 in EVS-8a are PASSED.

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

	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.
	
	OK
(See Annex A)

	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.


	
	OK

	
	· 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.
	
	-
This function is not required for Qualification

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

	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.
	
	OK
Gain verification is tested as specified in Annex H: Objective Evaluation of EVS-8a (Tdoc S4-130127) and script provided in EVS-7a (Tdoc S4-130155). 

All of the Gain conditions listed on Tables H.2, H.3, and H.4 in EVS-8a are PASSED.


Annex D: Objective evaluation results
D.1
Introduction
This section provides objective evaluation results.
It is shown that the proposed codec passed all the objective requirements.
D.2
Evaluation results of the EVS objective performance requirements for DTX operation
This part of the evaluation is based on a large database of speech and noisy speech of length (approximately 10 to 30 min) with an AFR of approximately 40% (AFR is based on P.56 measured on clean speech). The reporting of objective evaluation is to be detailed in the processing test plan. Evaluation results are shown in Table D.1.
Definition of AFR (Active Frame Ratio) is as follow:
AFR (in percentage) = 100 x (# frames that are neither SID nor NO DATA) / (# frames in DTX-off operation)    
Note: AFR computation does not include the preamble used in the test.
Note:  # frames only take into account true active frames and true active frames are defined as frames with energy larger than [-56dBov] 
Table D.1: AFR requirements for non-interoperable modes of EVS (speech, noisy speech).

	Category
	BW


	Bitrate (kbit/s)
	FER


	DTX
	Requirements
	Evaluation results

	Clean speech (-16, -26, -36 d Bov)

Note: The AFR requirement is verified for every bit rate and every level


	NB
	5.9VBR
	0% FER
	On
	AFR(EVS) <min(AFR(AMR-VAD1), AFR(AMR-VAD2)) + 1


	-

	
	
	7.2
	
	
	
	PASSED

	
	
	8
	
	
	
	PASSED

	
	
	9.6
	
	
	
	PASSED

	
	
	13.2
	
	
	
	PASSED

	
	WB
	5.9VBR 
	
	
	AFR(EVS) < min(AFR(AMR1), AFR(AMR2), AFR(AMR-WB)) +1

Note: AMR1 and AMR2 are run on the NB part
	-

	
	
	7.2
	
	
	
	PASSED

	
	
	8
	
	
	
	PASSED

	
	
	9.6
	
	
	
	PASSED

	
	
	13.2
	
	
	
	PASSED

	
	
	16.4
	
	
	
	PASSED

	
	
	24.4
	
	
	
	PASSED

	
	SWB
	13.2
	
	
	AFR(EVS) < min(AFR(AMR1), AFR(AMR2), AFR(AMR-WB)) +1

Note: AMR1 and AMR2 VAD are run on the NB part, AMR-WB VAD is run on the WB part 
	PASSED

	
	
	16.4
	
	
	
	PASSED

	
	
	24.4
	
	
	
	PASSED

	Noisy Speech (Car, Office, Street)  

-26 dBov

Note: For characterization additional SNR levels from 10 to 30 dB and noise types can be added


	NB
	5.9VBR
	0% FER
	On
	AFR(EVS) <min(AFR(AMR-VAD1), AFR(AMR-VAD2)) + 1 (for car noise)
AFR(EVS) <min(AFR(AMR-VAD1), AFR(AMR-VAD2)) - 1 (for office noise)
AFR(EVS) <min(AFR(AMR-VAD1), AFR(AMR-VAD2))  (for street

noise)
	-

	
	
	7.2
	
	
	
	PASSED

	
	
	8
	
	
	
	PASSED

	
	
	9.6
	
	
	
	PASSED

	
	
	13.2
	
	
	
	PASSED

	
	WB
	5.9VBR  
	
	
	AFR(EVS) <min(AFR(AMR-VAD1), AFR(AMR-VAD2), AFR(AMR-WB)) + 1 (for car noise)
AFR(EVS) <min(AFR(AMR-VAD1), AFR(AMR-VAD2), AFR(AMR-WB)) - 1 (for office noise)
AFR(EVS) <min(AFR(AMR-VAD1), AFR(AMR-VAD2), AFR(AMR-WB)) (for street noise)
Note: AMR-VAD1 and AMR-VAD2 are run on the NB part
	-

	
	
	7.2
	
	
	
	PASSED

	
	
	8
	
	
	
	PASSED

	
	
	9.6
	
	
	
	PASSED

	
	
	13.2
	
	
	
	PASSED

	
	
	16.4
	
	
	
	PASSED

	
	
	24.4
	
	
	
	PASSED

	
	SWB
	13.2
	
	
	AFR(EVS) <min(AFR(AMR-VAD1), AFR(AMR-VAD2), AFR(AMR-WB)) + 1 (for car noise)
AFR(EVS) <min(AFR(AMR-VAD1), AFR(AMR-VAD2),  AFR(AMR-WB)) - 1 (for office noise)
AFR(EVS) <min(AFR(AMR-VAD1), AFR(AMR-VAD2),  AFR(AMR-WB)) (for street noise)
Note:  AMR-VAD1 and AMR-VAD2 are run on the NB part, AMR-WB VAD on WB part
	PASSED

	
	
	16.4
	
	
	
	PASSED

	
	
	24.4
	
	
	
	PASSED


D.2
Evaluation results of the EVS objective performance requirements on background noise handling 
Evaluation results are shown in Table D.2.
Table D.2: Evaluation results of the EVS Objective Performance Requirements
	Requirements
	Evaluation results

	EVS objective performance requirements on background noise handling
	For clean speech (-26 dBov) requirements.
Note: The measurement method for attenuation in inactive regions shall ignore very low energy frames of (recording) background noise in clean speech.
	For DTX turned off, the background noise level during inactive regions of the CuT shall be attenuated by no more than 6 dB, at the decoder output, compared to the background noise level during inactive regions of the input signal.
	PASSED

	
	
	For DTX turned on, the background noise level during inactive regions of the CuT shall be attenuated by no more than 12 dB, at the decoder output, as compared to the background noise level during inactive regions of the input signal.
	PASSED

	
	For noisy speech (-26 dBov) and each tested noise type
	For DTX turned off, the background noise level during inactive regions of the CuT shall be attenuated by no more than 4 dB, at the decoder output, compared to the background noise level during inactive regions of the input signal.
	PASSED

	
	
	For DTX turned on, the background noise level during inactive regions of the CuT shall be attenuated by no more than 12 dB, at the decoder output, as compared to the background noise level during inactive regions of the input signal.
	PASSED
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