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1.
Background

During discussions at the 3GPP SA4 #64 meeting in San Diego and 3GPP SA4 EVS SWG Adhoc Meeting #6 in Issy-Les-Moulineaux, a concern was expressed that a potential amplification of the synthesized signal might positively bias subjective test scores [1]. As a result, output gain limitation design constraint has been added to the EVS Permanent Document #4 (EVS-4): EVS design constraints [2]. An example tool developed by VoiceAge was provided to SA4 and description submitted to the SA4 # 65 meeting in Kista. During the meeting, several requests were formulated, namely 
· whether similar outcome can be provided with standard ITU-T tools, 
· whether a more detailed description of the tool can be provided, 
· whether the C-code could be made available, and 
· whether results of the tool applied on some standardized codec can be provided. 
This contribution aims at responding to those requests.


2.
Proposal
The following design constraint has been added into [2] to address the output gain limitation issue:

“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.”
In [3] we propose the following methodology to measure the amplification:

The EVS codec output signal gain is validated using frequency masks. This can be simply done by verifying a narrowband (NB), wideband (WB) and super-wideband (SWB) bandwidths in the following way:

· For input signal limited by a NB mask, the gain between the input signal and the output signal will be verified on the signals limited by the NB mask.

· For input signal limited by a WB mask, the gain between the input signal and the output signal will be verified on the signals limited by the NB mask, and also by the WB mask.

· For input signal limited by a SWB mask, the gain between the input signal and the output signal will be verified on the signals limited by the NB mask, by the WB mask, and by the SWB mask.

During validation of the tool we realized that this method is not adequate to capture artificial amplification in high frequencies, because those are often dominated by the energy in low frequencies, i.e. even relatively strong high-frequency amplification would yield only negligible amplification if comparing energies over the whole band. This is valid especially for SWB inputs. Consequently, we update the proposal as follows:
· For 8-kHz sampled input signal, the gain between the input signal and the output signal will be verified on the band corresponding to about 0-4 kHz.

· For 16- kHz sampled input signal, the gain between the input signal and the output signal will be verified on the band corresponding to about 0-4 kHz and 4-8 kHz.

· For 32- kHz sampled input signal, the gain between the input signal and the output signal will be verified on the band corresponding to about 0-4 kHz, 4-8 kHz, and 8-16 kHz.

Then, the output signal gain must not be higher than the input signal gain for any of the above configurations within a tolerance of x%. The tolerance x and the exact frequency bands are tbd.  
As the goal is to ensure a reasonable comparison of competing technologies rather than disqualifying a codec based on the gain verification, a common sample database would be provided before the codec submission on which proponents could verify that their codec meets the gain requirement. The same database would be then used after submission to verify it. Candidates that would not meet the gain requirement would be then disqualified.

3.
Gain_chk tool proposed by VoiceAge

As a part of the contribution [3] to SA4 #65, an executable was provided by VoiceAge (attached again for convenience) that allows the output gain verification as described above. It was proposed that this program is used to verify that the EVS candidate codecs do not amplify the output signal relative to the input signal.

The program is compiled under MSVS/Windows and uses the following command line:

gain_chk.exe -i original_file  -o processed_file  -t results_file  -r Fs [-v VAD_file]

where:
- original_file is a reference binary file (input)
- processed_file is an evaluated binary file (synthesis)
- results_file is a text file where output results are printed
- Fs is the sampling frequency [8000, 16000, 32000, 48000] in Hz

- VAD_file is a VAD Flag binary file (One 16 Bits Flag per Frame); it is an optional parameter, if used, the energy is calculated only in active frames (VAD≠0)
The tool computes the energy in frequency domain on predefined frequency bands using FFT. It outputs the ratio of the energies per band both in dB and in %.

4.
Alternative approach using ITU-T stl2009 tools

Similar results can be obtained by using a set of several standard ITU-T tools from the ITU-T software tool library (stl2009): speech voltmeter (sv56demo), filter, astrip, oper, actlev. The speech voltmeter is called on both the original signal and the synthesis. The Long Term Energy (dBov) values are then manually subtracted to get the gain/attenuation of the synthesis versus the original.
Since a flexible band pass filter is not available from the ITU tools, a series of operations needs to be done to measure the amplification in certain band. For example, to extract (approximately) the 4-8kHz bandwidth from a 32 kHz sampled input, we can perform the following steps:

1. The signal is downsampled to 16kHz using filter
2. The signal in #1 is downsampled to 8kHz filter
3. The signal in #2 is upsampled back to 16kHz filter
4. The signal in #3 is synchronized with signal #1 using astrip and zero-padded

5. The signal in #4 is subtracted from the signal in #1 using oper to get the 4-8kHz frequency range

Note: Using the above procedure, the frequency bands are not exactly 0(4 kHz, 0(8 kHz, etc., due to the filter transition frequency range.
For example, for a SWB input, the 0(4 kHz frequency range is in fact ~0(3750Hz and the 4(8 kHz is ~3,750(7,300Hz . 
An example of a script providing the analysis and using the ITU-T tools is attached and its description is provided in Annex.
5. 
Comparison of both tools
The ITU-T stl2009 provides a standardized set of tools. However, the flexibility of this approach is limited basically to the frequency bands defined by the frequency response of the resampling filters. On the other hand, the Gain_chk tool allows using a user-defined frequency bands.

Both tools have been compared on an artificial synthesis and on AMR-WB processed files. The artificial synthesis signal was created to have different bands amplified or attenuated. The AMR-WB processed signal consisted of clean and noisy speech processed with AMR-WB at 12.65 kb/s and 19.85 kb/s. For the matter of comparison of both approaches, the Gain_chk tool’s bands were modified to approximately reflect the bands got by the stl2009 filter tool. In such a case, both tools give similar results. Detailed results can be consulted in the attached Excel file.
6.
Conclusion

Two approaches to measure the synthesized signal gain per frequency bands have been provided, one using set of standard ITU-T tools, another using a proprietary tool developed by VoiceAge. While the ITU-T tools have the advantage of providing standardized set of tools, the proprietary tool developed by VoiceAge gives more freedom in defining the frequency bands. Results of both approaches were compared. In case the proprietary tool is preferredby SA4, its source code can be provided by VoiceAge.
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Annex - Documentation of the Script

The script can  be invoked under cygwin with the following command line.


./cmp_db.bat FREQ original_file.SWB synthesis_file.SWB


Where FREQ is is either ‘NB’, ‘WB’ OR ‘SWB’ without the quotes.

Note that the script will pause after all analysis is completed just before the temporary files are deleted. Using CTRL+C will allow these to be preserved. Any other key will resume the script and proceed to the cleanup.

The following table describes the code of the script.

	Line(s)
	Description

	005–015
	Validate that the Sampling Rate (1st argument) is either ‘NB’, ‘WB’ OR ‘SWB’ and set the global variable FREQ

	017-034
	Set FREQ1 through FREQ4 to the proper Frequency Values. These values are used for the temporary filenames.

	036–046
	Check that Original Filename (2nd argument) is present and that the file exists.

	048–058
	Check that Synthesis Filename (3rd argument) is present and that the file exists.

	060–071
	Check if the Optional VAD Filename (4th argument) is present and that the file exists.

	075
	Set Directory for temporary files.

	077
	Set the default filename for the temporary results file when calling the ‘Gain_chk’ Tool near the end of the Script.

	079
	Band Separation Operation is skipped for ‘NB’ signals.

	081–082
	The Band Separation Operation could have been done as needed just before the analysis but it put out so many messages that is makes it hard to look for the “Long term Energy” values; so it is done first.

	088–091
	Downsample both Original & Synthesis file from Fs to Fs/2.

	092–094
	Upsample Fs/2 versions of Original & Synthesis back to Fs.

	095–098
	Remove filtering delay for Low Pass versions of Original & Synthesis files; required for subtraction.

	099-101
	Add Zeros to Low Pass versions of Original & Synthesis files; required for subtraction.

	102–107
	Substract Low Pass versions of Original & Synthesis files from Unchanged Original & Synthesis files to get High Pass versions of Original & Synthesis files.

	109
	Band Separation Operation is complete for ‘WB’ signals.

	111-113
	Downsample Fs/2 versions of Original & Synthesis to Fs/4.

	114-116
	Upsample Fs/4 versions of Original & Synthesis to Fs/2.

	117-120
	Remove filtering delay for Low Pass Fs/2 versions of Original & Synthesis files; required for subtraction.

	121-123
	Add Zeros to Low Pass Fs/2 versions of Original & Synthesis files; required for subtraction.

	124-129
	Substract Low Pass Fs/2 versions of Original & Synthesis files from Fs/2 versions of Original & Synthesis files to get High Pass Fs/2 versions of Original & Synthesis files.

	133-143
	Perform Signal Level Analysis at Fs on both Unchanged Original & Synthesis files.

Frequency Content = 0-Fs/2.

	145-146
	Analysis is complete for ‘NB’ input Signals.

	148-160
	Perform Signal Level Analysis at Fs on High Pass versions of Original & Synthesis files.
Frequency Content = Fs/4-Fs/2.

	162-174
	Perform Signal Level Analysis on Fs/2 versions of Original & Synthesis files.
Frequency Content = 0-Fs/4.

	176-177
	Analysis is complete for ‘WB’ input Signals.

	179-191
	Perform Signal Level Analysis at Fs/2 on High Pass versions of Original & Synthesis files.
Frequency Content = Fs/8-Fs/4.

	193-205
	Perform Signal Level Analysis at Fs/4 versions of Original & Synthesis files.
Frequency Content = 0-Fs/8.

	209-217
	Perform Signal Analysis using Gain_chk tool on Original & Synthesis files.

	224-227
	Print Error Message for Missing Original Input Filename and Exit.

	229-232
	Print Error Message for Missing Synthesis Input Filename and Exit.

	234-237
	Print Error Message for Missing VAD Input Filename and Exit.

	239-240
	Print Script Usage.

	243
	The Script Stops to allow the temporary files to be check if desired.

	244-260
	Perform End of Script Temporary Files and Global Variables Cleanup.
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