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Processing Test Plan for the for the 3GPP EVS Qualification phase
1. Introduction

This document defines how audio material must be prepared for the qualification tests of the 3GPP EVS codec, and provides details on the software modules and files required. It should be read in conjunction with its associated qualification test plan [1].
2. Responsibility
The host laboratories are responsible for processing of the experiments. If the qualification phase uses an overall evaluation framework based on subjective cross-checking, the processing of each crosschecked experiment will be performed by two host laboratories and verified.
There are three different types of CuT input configurations that will be evaluated: 
32 kHz mono input, 16 kHz mono input and 8 kHz mono input.

The test plan‎ ‎[1] describes [TBD] methodology experiments: 
Table 1-Overview of experiments 
	Exp-eriment
	Tested Conditions
	Reference bandwidth
	CuT Bandwidth

	Listening presentation
	(Talkers/
Combination/
Genres) x (Samples)
	Sample length

	Exp1
	
	
	
	
	
	

	Exp2
	
	
	
	
	
	

	Exp3
	
	
	
	
	
	

	Exp3
	
	
	
	
	
	

	…
	
	
	
	
	
	


3. Definitions and formats
The following filenames are used in the command line descriptions:

Input<Fs>
Fs (in kHz) is the input sampling frequency to a processing module (or sequence of modules), Fs is either 8, 16 or 32.
Output<Fs>
Fs (in kHz) is the output sampling frequency from a processing module (or sequence of modules).
The format of the above files is headerless PCM with samples stored in 16-bit 2’s complement format. Other command line filenames and variables will be described in the relevant part of the document. 

1 Processing Stages for the Qualification Phase 
This section defines, in the form of diagrams, the processing stages required by the EVS candidate codec under test. The latest version of the ITU-T Software Tool Library (STL2005 or STL2009) is used for this processing.
1.1 Source material pre-processing requirements

The material shall be 32 kHz sampled with 16 bit resolution. 

Before any processing according to this processing plan, individual source files samples have to be windowed with a 100ms smoothing/tapering window. 

1.1.1 Experiment [TBD] 

1.1.1.1 Naming of combinations

Annex [X] of the quality assessment plan [1] specifies the talker combinations for experiment [TBD]. 

Extract from Quality assessment plan [“Eight talkers, four males and four females, will be used for the experiment.”]
	Sample number
(=Combination number)

Clean conditions
	Talker 1
	Talker 2

	T1
	M1
	M2

	T2
	F1
	M3

	T3
	M4
	F2

	T4
	F3
	F4


	Sample number
(=Combination number)

Noisy conditions
	Talker 1
	Talker 2

	T5
	F1
	F2

	T6
	M1
	F3

	T7
	F4
	M2

	T8
	M3
	M4


To reduce listener fatigue, sentences s1, s2 and s3 shall be different between clean and noisy talker conditions. 

1.1.1.2 Construction of combined samples

TBD
1.1.1.3 Listening labs designators 
TBD
1.1.1.4 Naming examples of the input files and processed output files 

Convention:

Input files:

Processed files:

1.2 File concatenation, separation, sequences and module initialisation 

1.2.1 Concatenated sequences processing

In Experiments (x,y,z), the material will be processed in concatenated files comprising a preamble and a series of sentences for speech or a series of samples for music. The preamble for speech concatenation will be 10 seconds long, the preamble for music will vary but will typically be 10-16 seconds long.

1.2.1.1 Required sequences and required sequence lengths

1.3 File naming for noise sequences

The file naming convention for listening presentation files is given in the quality assessment test plan ‎[1]. 
[TBC]

1.3.1.1 Frame error application
In frame erasure conditions, the erasures shall affect the same segments of speech signal for the CuT and reference codes. This shall be done by compensating for all encoder-side delays (or for all encoder-side delays of the core layer in case of embedded codecs). The delay of the CuT shall be compensated for as specified in Annex [TBD]. The delay of reference codecs shall be compensated for prior to the processing by the reference encoder.

1.3.1.2 File naming Error patterns:

Frame erasure files will have the name “[Exp][L] FER03_s [X].g192”, where:
Exp stands for Experiment [TBD] 
L stands for the laboratory designator
s stands for Sequence and X will be one of the numbers 1, 2, 3.

1.3.1.3 Concatenation setup
Speech and music files are concatenated after level adjustment but prior to down-sampling (when applicable). (For concatenation order, see Tables below.)
For all Experiments, processed concatenated files should be divided into separate speech/music samples and named as specified in the test plan. This must be performed after final up-sampling stage (when applicable), and a cosine (Hanning) window of duration 100ms must be applied to the start and end of the separated files. The procedure for splitting and windowing concatenated files is described in ‎5.2.3.
(TBC)

1.4 Processing for super-wideband conditions
1.4.1 Pre-processing (32 kHz) (Clean Speech, Music conditions)





Figure 1:
Pre-processing for SWB  files, (32 kHz, , Clean Speech/Music Conditions)

1.4.2 Pre-processing for Reverberant speech mixed with background noise (32 kHz)


[image: image2]
Figure 2:
Pre-processing for Reverberant speech mixed with 25 dB music 
background noise experiment, “Direct 32kHz , music” (32 kHz, )

[image: image3]
Figure 3:
Pre-processing for Reverberant speech mixed with 20 dB Office background noise experiment, “Direct 32kHz, office noise”, (32 kHz, )


[image: image4]
Figure 4: Pre-processing for Reverberant speech mixed with 25 dB Babble background noise experiment, “Direct 32kHz, babble noise”, (32 kHz, )

1.4.3 Processing stages (32 kHz)

1.4.3.1 Low pass filtering for band pass references (32 kHz) 

[image: image5]
Figure 5: Processing of 32 kHz single channel input by low pass filter to produce band pass references (1.5, 3.5, 7, 10 kHz). 
1.4.3.2 Direct condition 

[image: image6]
Figure 6: Processing of speech for the direct condition, (32 kHz)

1.4.3.3 G.722.1C 


[image: image7]
Figure 7: Processing by G.722.1C, the EID is bypassed for error-free conditions, (32 kHz)

1.4.3.4 CuT Codec(32 kHz,)

[image: image8]
Figure 9: Processing by the CuT. The EID is bypassed for error-free conditions.

1.4.3.5 Post-processing (32 kHz)

[image: image9]
Figure 10: Post-processing of 32 kHz files 


1.5 Processing for wideband conditions
TBC
1.6 Processing for narrow conditions

TBC
1.7 General Processing stages
TBC
2 Processing Modules

This section describes the modules that must be used in the processing of speech material.
2.1 Pre-Processing Operations

2.1.1 P341 filtering

To produce a P.341 filtered speech file use:

filter P341 input16 output16 320
2.1.2 14KBP filtering

To produce a 50Hz-14 kHz band pass filtered speech file use:

filter 14KBP input32 output32 640
2.1.3 Level adjustment

2.1.3.1 P.56 (ASL) level adjustment

To normalise the P.56 ASL level of a 32 kHz speech file to -26dBov, use:


sv56demo -lev -26 -sf 32000 input32 output32 640
2.1.3.2 Noise file level adjustment (32 kHz)
The office noise and background music files should be normalised on the basis of their r.m.s. level.

To normalise the r.m.s level of a noise file, use:

sv56demo –rms –lev xx –sf 32000 noise32 output32 640 

where xx is the desired level (-46 for the 20dB office noise and -51 for the 25dB babble and music background noise).

2.1.4 Summation of a speech and noise
2.1.4.1 Summation of a speech and noise file in (32 kHz)
To produce a 32 kHz speech file mixed with noise file called output32 by summing a 32 kHz speech file called input32  and a 32 kHz noise file called noise32, use:

oper –size 0 1 input32 + 1 noise32 0 output32

2.1.4.2 Reverb 

To produce a 32 kHz reverberated sound channel file Output32 from a 32 kHz input channel file Input, with a 32 kHz impulse response IR32(model-generated or recorded), use:


reverb Input32 IR32 Output32
2.1.5 File concatenation

To concatenate files, the concat command is used:


concat file1 [file2 file3 …] catfile

Where file1, file2, … are the files to be concatenated and catfile is the concatenated file.

2.1.6 Rate change from 32 kHz to 16 kHz
To produce a 16 kHz speech file from a 32 kHz speech file, use:


filter –down HQ2 input32 output16 640

2.2 Post-processing 

2.2.1 Rate change from 16 kHz to 32 kHz

To produce a 32 kHz channel file from a 16 kHz processed channel file, use:


filter –up HQ2 input16 output32 320

2.2.2 Listening(Receive-side) filtering

To produce a speech file filtered by the P341 listening (used on the receive-side) filter, use:

filter P341 Input16 Output16 320
To produce a speech file filtered by the 14KBP listening (used as a receive-side) filter, use:

filter 14KBP Input32 Output32 640

2.2.3 Windowing and segmentation

To extract an m sample long file beginning at sample s from a 32 kHz single channel concatenated file, use:

astrip –sample –smooth –wlen 3200 –start s -n m input32 output32
2.3 Processing

This section describes the speech and channel operations processing that must be used in the preparation of speech material.
2.3.1 G.722.1 Codec
To process a file Input32 through the G.722.1 WB-codec at XXXXX bit/s, use:
 
filter –down HQ2 input32 tmp16 640


filter P341 tmp16 input16 320
encode.exe 1 input16 bitstream XXXXX 7000
decode.exe 1 bitstream Output16 XXXXX 7000

(where XXXXX  is one of (24000, 32000,48000)  

2.3.2 G.722.1C Codec 

To process a file Input32 through the G.722.1C codec at XXXXX bit/s, use:

encode.exe 1 Input32 bitstream XXXXX 14000
decode.exe 1 bitstream Output32 XXXXX 14000

(where XXXXX  is one of (24000,32000,48000))  
2.3.3 Other
TBC
2.3.4 CuT operation

2.3.4.1 Encoder executable requirements 

TBC 
2.3.4.2 Decoder executable requirements

TBC
2.3.4.3 CuT Operation
TBC
2.3.5 Low pass filters (for band pass references) 
To produce a single channel low-pass filtered reference signal Output32 at 32 kHz, use:


filter –up  HQ3 Input32 tmp1 640 


filter –down  HQ2  tmp1 Input48 640


filter LPx Input48 Output48 960

filter –up  HQ2 Output48 tmp2 640


filter –down  HQ3  tmp2 Output32 640


where LPx=LP1p5 for the 1.5 kHz low-pass filter, LPx=LP35 for the 3.5 kHz low-pass filter, LPx=LP7 for the 7 kHz low-pass filter, LPx=LP10 for the 10 kHz low-pass filter, and LPx=LP14 for the 14 kHz low-pass filter.

NB Some required LP-filters are not yet available in the formal STL release, for the latest version including most recent low-pass filter use the version in the G.722.1-FB tools directory [3]. 

2.4 Other tools

2.4.1 Error Insertion
For the conditions where random frame erasures are desired, frame erasure patterns are applied to the bitstream using tools from the ITU-T STL2005 library.

2.4.1.1 Frame error tool
The following processing shall be used:

eid-xor –fer g192bsin ep.g192 g192bsout
where:


g192bsin is the input bit stream

ep.g192 is the error pattern file

g192bsout is the output bit stream
2.4.1.2 Pattern generation
The error patterns used in are generated using the gen-patt tool as follows: 

 rm –f sta # remove the state file   

 gen-patt –tailstat -fer -g192 -gamma 0 -rate 0.03 –tol 0.001 –reset -n 1700 -start 501 1aLC_FER03_sX.g192
where 0.03 is the required erasure rate {0.03 for 3% }. 
Different error patterns should be generated for each processing sequence(X) of concatenated speech.  
[TBC]
3 References

[TBC]
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