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1 Introduction
During last SA4 meeting in Jeju, there was a discussion how to define mixed contents for EVS evaluation and it was agreed as follows (see Appendix, [1] and [2]):
1) Speech over music / music over speech and speech between music / music between speech (e.g., variable level difference, fade-in/out, including speech over low-level music in the background at 20 dB and alternating speech and music)
This is defined to test them in controlled conditions solving issues on language dependency, SNR, testing material dependency by different test labs, etc. Speech in test items should be understandable. This will be mixed by processing labs.
At SA4 Edinburgh meeting, sources proposed a processing plan how to process artificially generated mixed contents [3].

In this contribution, sources provide tools for the processing.

2 Proposed processing tools
2.1 Definition of clean speech source

Figure 1 shows the definition of a clean speech source (a sentence pair).

Total duration (play-out time) of a file is 8 sec. There should be 500 ms silence before a sentence and two sentences are concatenated (sentence pair). This sentence pair should contain sentences spoken in listener’s native language.

The length of silence part between before and between speech sentences should be enough, e.g., more than 500 ms, in order to effectively exhibit music part to be evaluated.
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Figure 1: Definition of a clean speech source (sentence pair)
2.2 Music source

An appropriate set of music files should be selected in item selection phase to be defined in the test plan, EVS-8a..

The source considers that a common set of music source (other than speech signals) should be used for evaluation in order to rectify conditions among all test sites.
2.3 Windowing function

A set of windowing functions should be used to modify input music level.

A windowing function is defined in a sequence of double-precision floating point values 0.0 <= w[i] <= 1.0; where 0<=i<256000 (= 32000 [Hz] x 8 [sec]).
The windowing functions should be proposed and selected together with the music sources in item selection phase based on application scenarios of mixed contents defined in Annex.

Figure 2 shows example windowing functions. Note that a windowing function with constant values of 1.0 represents -26 dBoV.
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Figure 2: Example windowing functions
2.4 Processing for mixed contents
Figure 4 shows the proposed preprocessing for artificially generated mixed contents.
A level adjusted speech file x(n) is mixed with a music file y(n) multiplied by a windowing function z(n).

For example, 12 mixed content files can be generated by using 12 music files y(1<=n<=12), 12 windowing functions z(1<=n<=12) and 12 speech files x(1<=x<=12). Sources prefer the number of music files and windowing functions to be aligned, in order to give an enough variation to the tested material.
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Figure 4: Pre-processing for artificially generated mixed content files
3 Proposed tools and processing
Source codes for the proposed tools are provided in an attached zip file (tools.zip).

Some of them are from G.191[4]. See readme.txt file in the package and Annex B of this document for the details.

The mixing can be processed using proposed tools as follows:

Step1:  compile source code


> make all

Step2:  prepare win_definition.txt file based on the target window form


#[sample position, value] pair per line


See ./DATA/win_definition.txt

Step3: generate window file in text format based on the win_definition.txt

> generate_win –n 256000 ./DATA/win_definition.txt ./float_values.txt
Step4: convert the text file into binary format


> asc2bin –float ./float_values.txt ./float_values.raw

Step5: mix a speech file with a music file using a window file


> oper_win –win ./float_values.raw 1.0 ./DATA/speech_file.raw + 1.0 ./DATA/music_file.raw 0 ./outfile.raw
Figure 3 shows the outcome from the set of tools.

Where,

/DATA/speech_file.raw is the speech source file (32kHz, 16bit).
/DATA/music_file.raw is the music source file (32kHz, 16bit).
/DATA/outfile.raw is the artificially generated mixed content file (the final result).
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Figure 3: a windowing function generated from win_definition.txt by using generate_win.c
Note that -15 dB in linear is 10^(-15/20) = 0.17782794100389228. 
4 Conclusion

This document provided a tool for processing artificially generated mixed contents.

Several types of windowing function will be selected based on the application scenarios.
A common set of music signals and windowing functions which reflects application scenarios shall be used among test sites.
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Appendix

Annex A: Definition of the Mixed content to be tested

1) Speech over music / music over speech and speech between music / music between speech (e.g., variable level difference, fade-in/out, including speech over low-level music in the background at 20 dB and alternating speech and music)
2) Real examples which reflect some application scenarios (see notes)

Notes:

· 1) will be mixed by processing labs and 2) will not be.

· 1) is defined to test them in controlled conditions solving issues on language dependency, SNR, testing material dependency by different test labs, etc. Speech in test items should be understandable
· 2) is intended to contain cases that may not be covered by 1).
· Followings are some examples of application scenarios to be considered (The final list will be determined by contribution, particularly of test signals):
 Cellphone transmission of live music session, answering speech, music on hold,  future answering system in company capable with SWB, music with announcement, call to customer service, put on hold, with advertisement, ticket number, professional editing of speech and music, ring-back sound, captured sound from e.g., living room, stadium, disco, concert hall, background music behind speech, etc.

Editor’s note: This text is agreed with the condition that background music will not be evaluated in the noisy speech category.
Notes for consideration in SQ:
[all music and mixed content items will be evaluated in a single framework of listening test

all music and mixed content items will be evaluated using the same testing methodology]

Annex B: List of files in tools.zip

-------------

List of files

-------------

source files:

  ./makefile



: new file
  ./oper_win.c



: modified based on oper.c in STL2009

  ./generate_win.c


: new code

  ./ugstdemo.h


: identical copy from STL2009 

  ./asc2bin.c



: identical copy from STL2009 

  ./bin2asc.c



: identical copy from STL2009

input files:

  ./DATA/speech_file.raw

: speech file 8s (32kHz, 16bit)

  ./DATA/music_file.raw

: music file  8s (32kHz, 16bit)

  ./DATA/win_definition.txt

: Window definition file





Format: “sample position, value” pair per line






The values should be [0.0<=w[i]<=1.0]






generate_win will interpolate the values
output fules:

  ./DATA/float_values.txt

: window file [0.0<=w[i]<=1.0] in text
  ./DATA/float_values.raw

: window file [0.0<=w[i]<=1.0] in 4 bytes float
  ./DATA/outfile.raw


: generated mixed content file
----
32 kHz speech file


(sentence pair)





SWB filtering








P.56 level adjustment to� -26 dBov





32 kHz  music file





SWB filtering





RMS level adjustment to �-26 dBov





Reverberation





32 kHz ,�SWB filtered �Mixed content file





P.56 level adjustment to� -26dBov





Windowing�function





x(n)





y(n)





z(n)





4100ms(1312000)<x<=4600ms(147200),


y= 1.0





0<=x<=100ms (3200), 0<=y<=0.70794578438 (-3dB)








900ms (28800)<x<= 3800ms (121600)


y = 0.17782794100389228(-15dB)








5100ms(163200)<x<=7900ms(252800)


y=0.1(-20dB)





7900ms(252800)<x<=8000ms(256000)


0.1>y>=0.0





100ms<x<=700ms(22400), y=0.70794578438 (-3dB)
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