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9.5
1 Background
The current Ambient Noise Rejection test in [1] and [2] has major shortcomings for application to modern terminals incorporating noise suppression algorithms. A non-exhaustive list of such shortcomings includes:

· No defined procedure to set the convergence state of the algorithm

· No account for possible speech attenuation introduced by the noise suppressor

· Only defined for artificially generated signals (Artificial speech and pink noise).
The SNRi method, originally available in [3] and later revised in [4], could be a viable alternative to the current ANR test. The method in [4] is not defined for the case of application in real terminals, and work was necessary to define the acoustic interface capture, proper filtering of the signals, etc.

In [5], Qualcomm presented a few alternative methods for introduction of an acoustic interface to the SNRi calculation that had been discussed elsewhere in the industry (e.g. CTIA), and conducted an evaluation with actual terminals to determine the suitability of their application for 3GPP purposes. After presentation of the contribution and discussion during the acoustics ad-hoc meeting, it was concluded that the method using the noisy signal at MRP with a standardized filter would be favorable. Such procedure has the important advantages of: 

· fixing the input SNR condition on the testing so that the SNRi result can be directly compared between terminals (as in the current ANR method).
· Including the effects of acoustic path loss from MRP to terminal microphone input (as in the current ANR method).
· Including the effects of the SNRi introduced by the terminal send frequency response characteristic (which are an integral part of the terminal signal to noise ratio improvement).
During the course of the work, it was also found that accuracy issues existed with the SNRi calculation in [4] itself and the issues were reported to ITU-T in document [6] along with a proposal to modify one of the thresholds for frame classification. 
Two change requests were then drafted by Qualcomm ([7] and [8]), proposing to modify the current ANR test, and presented at SA4#61 meeting. The proposed method uses real speech and realistic background noises types from [9] and acquisition of the “noisy” signals at MRP using filtering from [10]. The underlying metric was the SNRi method from [4] with an updated threshold for the classification of the short speech pause frames as described in [6]. After presentation, it was discussed that a round robin test would be conducted with interested parties to evaluate the repeatability of the method. It was also proposed by Ericsson that an intermediate solution using parts of the current ANR method and parts of the proposed SNRi method could be evaluated.

2 Document scope

This document presents the experimental setup and results from the conduction of the ANR round robin tests by Qualcomm. It is the intention of this document that enough information is provided to reproduce the experimental setup in other labs participating in this round robin test. 

3 Reference specifications

The background noise setup utilized is specified in [9], except where noted. Said specification contains requirements for the test environment and makes available a noise database, as well as a methodology to reproduce binaurally recorded signals over a 4-loudspeaker arrangement.

[2] provides requirements for equalization of the mouth simulator. 
4 Test setup and procedures
The following is a list of the equipment and methods utilized by Qualcomm in the conduction of the tests in its labs for reference.
4.1 Recording equipment
Table 1 - Recording Equipment

	DAW Software:
	Adobe Audition 3.0

	Sound Card:
	RME Fireface 800

+4dBu sensitivity setting, 48kHz sampling rate

	Microphones:
	GRAS 40BP (1/4” pressure-field) for recording of noisy speech at MRP

	
	GRAS 40BF (1/4” free-field) for recording of noisy speech at the terminal’s primary microphone location.

	Power Module:
	GRAS 12AA, +40dB gain, no HP filtering applied


4.2 Playback Equipment
Table 2 - Playback Equipment

	DAW Software:
	Adobe Audition 3.0

	Sound Card:
	RME Fireface 800 with +4dBu sensitivity setting, 48kHz sampling rate

	Loudspeakers:
	Genelec 8240A

	Loudspeaker EQ:
	Behringer ULTRACURVE PRO DEQ 2496

	HATS:
	Bruel & Kjaer 4128C Head and Torso Simulator

	HATS EQ:
	Aurora plugins, http://www.aurora-plugins.com/


4.3 Recording Environment

Recordings were performed on anechoic chamber, qualified down to 200Hz (free-field). The noise floor was measured at 19dB(A). Given the anechoic field, the following delays specified in the ETSI EG 202.396.1 document are used for decorrelation of each of the loudspeaker channels:

0 ms, 11 ms, 17 ms, 29 ms
4.4 Equalization Procedures
ETSI EG 202.396-1 specifies the procedure required for loudspeaker calibration of the binaural reproduction system. The recordings available in the database were made with the ID (independent of direction) filter active and the preferred equalization procedure is to equalize the loudspeakers with a head and torso simulator and ID filter active.

Due to practical issues (e.g. proper ID filter was not immediately available for the HATS used in the round robin test), an alternative equalization was used. A few differences to the standardized ETSI procedure apply. The first difference is that the playback equalization is done for free-field using a single microphone positioned at the HRP (Hats reference point) in the absence of HATS. The second difference is that full-range loudspeakers were available and no subwoofer was utilized. The general steps for equalization used (from ETSI) are:
1) Separate equalization for each of the four loudspeakers.

2) Separate level adjustment for each loudspeaker.

3) Equalization for the two left-hand and the two right-hand loudspeakers.

4) Equalization and level adjustment for the subwoofer.

5) Delay compensation.

6) Equalization for all loudspeakers (verification and reduction of cross-talk).

The final level verification was checked with the Fullsize_Car_1_130km/h binaural noise source. The target level was the arithmetic average of the L and R ear levels listed (i.e. 68.6 dB(A)).

4.5 Network Simulator Settings
The following are the settings used for the network simulator. It is recommended for other labs to follow these parameters as they may interfere with the results (in particular, the PCL setting).

4.5.1 NARROWBAND TERMINALS

Model/Manufacturer: CMU200 – Rohde & Schwarz

Table 3 - Network Simulator settings for NB terminals

	Band setting: GSM 1900

	BS Signal

	
BCCH = -75dBm0

	
TCH = -75dBm0

	
TCH Channel = 610

	
DTX (BS) = OFF

	Network

	
Traffic Mode - AMR-FR GMSK

	
Codec Mode – UL=4 (12.2kBPS)

	
Bit Stream – Speech Cod/Handset Low

	MS

	PCL 5 = 20.0dBm

	DTX (MS) = OFF


4.5.2 WIDEBAND TERMINALS

Model/Manufacturer: CMU200 – Rohde & Schwarz

Table 4 - Network simulator settings for WB terminals

	Band setting: WCDMA FDD

	Connection

	
RF Ch. Downlink = 10562

	
RF Ch. Uplink = 9612

	
Downlink Power = -55dBm

	
UE Power Control

	Max = 33dBm

	Target = -20dBm

	
Band Select = Operating Band I

	BS Signal

	
Voice Source = Speechcodec Low

	
Active Coder = WB AMR

	
Active Codec Set = Selection G (AMR-WB 12.65kbps)


4.6 Terminal volume control settings

All measurements were performed with the noise suppression algorithm enabled. The volume control was set to the middle step.

4.7 Mounting of phones on handset positioner
The following settings refer to the Handset positioner for HATS - Type 4606. The standard H-H-H configuration was used for the A, B and C angles. 
Table 5 - Settings for mounting of phones on HATS - Type 4606

	ym axis
	8N of force is applied.

	End stop
	10mm

	Front Centering Fork Offset
	0mm

	Rear Centering Fork Offset
	0mm

	Support Foot height (front and rear)
	Amount necessary to bring terminal to a parallel

	Distance from actual ECRP (ye)
	Amount necessary to cause top edge of terminal to meet end stop

	Distance from actual ECRP (ze)
	0mm


4.8 Digital Audio Workstation session setup

A digital audio workstation (Adobe Audition 3.0) was used for playback, equalization of the mouth simulator and recording of the test signals. 
4.8.1 SESSION FORMAT: 
The session was set to 48000 * 32-bit Mixing format. Audio format was *.wav. A note is made that several files in the ETSI EG 202.396.1 are not in 48kHz and, therefore, were up-sampled (44.1kHz – 48kHz) when imported to the sequence.

4.8.2 PLAYBACK CHANNELS:

(MOUTH SIMULATOR/SPEECH): Channel 1, mono 
The channel contains 16 concatenated instances of the male_female_single-talk_seq_2_ANR.pcm speech file, created using the new proposed P.501 speech material by Nokia/Psytechnics.

Each instance corresponds to a noise type utilized for the test. The channel subsequently contains 16 instances of the male_female_single-talk_seq_ANR.pcm speech file. This file contains the same speech material, but structured to have enough short speech pauses for proper ITU-T G.160 AMD1 APP2 SNRi calculation. The speech files were pre equalized (using the Aurora suite of plugins) to produce a flat frequency response at MRP. The filter length was 512 and the equalization tool compensated for delay. After equalization, the channel gain was adjusted to produce an active speech level of +1.3dBPa @ MRP (as measured with an ITU-T P.56 calculator). It was verified, by measuring the linearity of crest factor at MRP, that this speech level did not cause significant compression of the HATS mouth simulator, with the crest factor varying within a 0.5dB range for a playback level of -7.7dBPa to +1.3dBPa ASL. The speech material utilized had a crest factor of approximately 22dB.
 (BACKGROUND NOISE): Channel 2/3 - stereo
These channels contain the noise played back at the loudspeakers. Each noise file is repeated to match the length of the speech file used. Cross fading at the duplication point and fade-out at the end was applied to avoid a DC component at the speaker terminals. The output of this stereo channel was fed into two digital stereo equalizers: one for front noise playback, and another for rear noise playback. Each equalizer channel contained a defined delay according to recommendations in [9] for de-correlation of the signals in anechoic chambers. Due to the nature of the rooms used in Qualcomm (symmetric, anechoic room), and the characteristics of the loudspeakers utilized, minimum equalization was performed and equalizers were symmetrical across all speakers. In such case, no individual delay correction was necessary (other than the one required for de-correlation).
4.8.3 RECORDING CHANNELS:
(RECORDING AT SYSTEM SIMULATOR OUTPUT): Channel 4 - mono 

This channel records the noise reduced speech signals at the system simulator output.

(RECORDING AT MRP): Channel 5 – mono

This channel records the noisy speech signals at the mouth reference point.

(RECORDING AT PIMARY MICROPHONE LOCATION): Channel 6 – mono

This channel records the noisy speech signals at the terminal’s primary microphone location. This is not necessary for the ANR update round robin test but may be useful for evaluation of other objective quality metrics in the future.
4.8.4 RECORDING FORMAT:
The recording format used by Qualcomm was *.wav. Files were later converted (within Adobe Audition 3.0) to raw *.pcm format and down-sampled where needed for the processing tools. The data is stored in 32bit-floating point/48kHz for future usage of the data.
4.9 Calibration tones

For each of the recording channels, a calibration tone was recorded. This allows mapping of the recording levels in terms of sound pressure and digital levels in the codec and later scaling of the files. The calibration tones were recorded as follow:
Table 6 - Calibration levels

	
	Calibration tone level
	Recorded level

	Recording channel at MRP:
	0 [dBPa]
	-30.5 [dBov]

	Recording channel at POI:
	+3.14 [dBm0]
	-16.58 [dBov] 

	Recording channel at primary mic location:
	0 [dBPa]
	-23.95 [dBov]


4.10 Naming convention for recorded files
For the sake of organization, a file naming convention was adopted in this activity. The file naming convention identifies (for each recording):

· The device under test

· The speech codec
· The active speech level at MRP
· The laboratory where the test was conducted
· The profile for the phone testing (e.g. handset, headset, hands-free, etc.)

· The location where the recording was performed (e.g. at system simulator output, at MRP, etc.)

· The noise type utilized

Unused numbers can be assigned for different labs, different codecs, etc. The yellow highlighted items were the ones performed for Qualcomm so far. Green highlight denotes the settings for this specific round robin test.
The naming structure adopted is:

XXXX_BB_C_D_E_F-YY.wav

, where:

Table 7 - Recording naming structure

	XXXX
	BB
	C
	D
	E
	F
	YY

	Device ID
	Codec ID
	ASL@MRP
	Lab ID
	Profile
	Recording location
	Noise Type


XXXX - Device Identification number
DEVICES FOR NARROWBAND TESTING
Table 8 - Narrowband devices used for the round robin test

	0100
	(Dual microphone candy bar)
	IMEI 351863047107343

	0101
	(Dual microphone Flip)
	IMEI 352280033949191

	0102
	(Dual microphone short candy bar)
	IMEI 353213031090360

	0103
	(Single microphone short candy bar)
	IMEI 012403000286262

	0018
	(Single microphone Flip)
	IMEI 010564007918702


DEVICES FOR WIDEBAND TESTING
Table 9 - Wideband devices used for the round robin test

	0027
	(Dual microphone candy bar)
	IMEI 352023046564726

	0104
	(Single microphone candy bar)
	IMEI 353679040250171

	0025
	(Dual microphone candy bar)
	IMEI 354808045516059

	0105
	(Single microphone candy bar)
	IMEI 352668043428471


BB - Codec Identification number

Table 10 - Codec identification numbers

	00 = AMR FR 12.2
	01 = AMR FR WB 12.65

	02 = EVRC
	03 = EVRC-B

	04 = FR
	05 = EFR

	06 = HR
	07 = AMR 7.95

	08 = AMR 5.9
	09 = AMR 4.75


C – Active Speech Level @ MRP

Table 11 - Active Speech Level identification numbers

	0 = -4.7dBPa
	1 = -1.7dBPa

	2 = -7.7dBPa
	3 = +1.3dBPa


D – Lab Identification number

Table 12 - Participating laboratories identification numbers

	0 = QCOM Anechoic Chamber AX122A

	1 = QCOM Listening Room AX122A

	2 = QCOM Listening Room AV434

	3 = QCOM Anechoic Chamber AX120B

	4 = QCOM Listening Room AX120B

	5 = Audience

	6 = Sony Ericsson

	7 = Ericsson

	8 = Nokia

	9 = HEAD Acoustics


E – Profile

Table 13 - Profile identification numbers

	0 = Handset
	1 = Speaker

	2 = Headset
	3 = Bluetooth


F – Recording Location

Table 14 - Recording location identification numbers

	0 = Network Simulator Out (processed)

	1 = MRP (noisy speech)

	2 =  Primary Mic (noisy speech at primary mic)


YY - Noise Type (levels set per [9] listings)

Table 15 - Identification of noise types for recordings with standard speech pauses

	RECORDINGS WITH STANDARD SPEECH PAUSES

	01 = Fullsize_Car1_130Kmh_binaural

	02 = Cafeteria_Noise_binaural

	03 = Shopping_Center_binaural

	04 = Sports_Noise1_Indoor_Soccer_binaural

	05 = Sports_Noise2_Badminton_binaural

	06 = Train_Station_binaural

	07 = Outside_Traffic_Road_binaural

	08 = Midsize_Car2_130Kmh_binaural

	09 = Inside_Bus_Noise_binaural

	10 = Living_Room_Noise_binaural

	11 = Pub_Noise_binaural_V2

	12 = Mensa_binaural

	13 = Kindergarten_Noise2_binaural

	14 = Schoolyard_Noise2_binaural

	15 = Male_Single_Voice_Distractor_binaural

	16 = Clean (room noise,not part of ETSI)


Table 16 - Identification of noise types for recordings with shortened speech pauses

	RECORDINGS WITH SHORTENED SPEECH PAUSES

	17 = Fullsize_Car1_130Kmh_binaural

	18 = Cafeteria_Noise_binaural

	19 = Shopping_Center_binaural

	20 = Sports_Noise1_Indoor_Soccer_binaural

	21 = Sports_Noise2_Badminton_binaural

	22 = Train_Station_binaural

	23 = Outside_Traffic_Road_binaural

	24 = Midsize_Car2_130Kmh_binaural

	25 = Inside_Bus_Noise_binaural

	26 = Living_Room_Noise_binaural

	27 = Pub_Noise_binaural_V2

	28 = Mensa_binaural

	29 = Kindergarten_Noise2_binaural

	30 = Schoolyard_Noise2_binaural

	31 = Male_Single_Voice_Distractor_binaural

	32 = Clean (room noise,not part of ETSI


5 Post Processing of Recordings

5.1 File splitting script

The procedure utilized by Qualcomm produced long recordings containing all 16 types of background noise for two different speech files, with a total length of 66063664 samples. In order to divide the recordings per noise type the following script was created in Matlab for Unix. 
Assuming a directory containing 3 long recordings (@MRP, @SS_out and @Prim_Mic) in *.pcm format for multiple devices, the script creates a directory for each and calls the ‘dd’ function in Unix to separate the files in segments with the duration of the speech test signal. The separated files are saved in an appropriate directory.

Table 17 - Matlab script for splitting recordings per noise condition

	%% Obtain a list of the *.pcm recordings in the folder “noisydir”

filelist=dir('/Users/aschevci/noisydir/*.pcm');

%% Creates a directory for each recording in the folder “noisydir”

for i = 1:length(filelist)

    filename=filelist(i).name;

    id=0;

    mkdir (['/Users/aschevci/noisydir/' regexprep(filename, '.pcm','')])

%% Separates the files for the first type of speech (length 1877220 samples)

for j=0:1877220:28158300
    id=id+1;

    system(['dd if=/Users/aschevci/noisydir/' filename ' of=/Users/aschevci/test/' regexprep(filename, '.pcm','') '/' regexprep(filename, '.pcm','') '-' num2str(id) '.pcm bs=2 skip=' num2str(j) ' count=' num2str(1877219)])

end

%% Separates the files for the second type of speech (length 2251759 samples)

for j=30035520:2251759: 63811905
    id=id+1;

    system(['dd if=/Users/aschevci/test/' filename ' of=/Users/aschevci/test/' regexprep(filename, '.pcm','') '/' regexprep(filename, '.pcm','') '-' num2str(id) '.pcm bs=2 skip=' num2str(j) ' count=' num2str(2251759)])

end
end



5.2 Pre-filtering stage for G.160 calculation
After splitting of the recordings into individual files per noise type, a filtering stage using the ITU-T G.191 filter tool was applied. The procedure is according to what is described in S4(10)936 and is applied for each signal as follows:

Reference clean speech

· Application of LP35 or LP7 filter
· Downsample by a factor of 3:1

· Application of MSIN filter

· Downsample by a factor of 2:1 (only for narrowband)
Example of batch file for filtering:
Table 18 - Example of batch script for pre-filtering of speech files

	mkdir junk

mkdir for_proc

filter LP35 SPEECH_PCM\male_female_single-talk_seq_2_ANR.pcm junk\male_female_single-talk_seq_2_ANR.LP35

filter -down HQ3 junk\male_female_single-talk_seq_2_ANR.LP35 junk\male_female_single-talk_seq_2_ANR.LP35.16K

filter MSIN junk\male_female_single-talk_seq_2_ANR.LP35.16K junk\male_female_single-talk_seq_2_ANR.MSIN

filter -down HQ2 junk\male_female_single-talk_seq_2_ANR.MSIN for_proc\male_female_single-talk_seq_2_ANR.8k.pcm

del junk /Q




Unprocessed “noisy” speech (signal at MRP)

· Application of LP35 or LP7 filter

· Downsample by a factor of 3:1

· Application of MSIN filter

· Downsample by a factor of 2:1 (only for narrowband)

Processed “noise reduced” speech (signal at POI)

· Downsample by a factor of 3:1

· Downsample by a factor of 2:1 (only for narrowband)

5.3 Gain normalization stage for G.160 calculation

After the filtering a gain normalization stage was applied. The original intent of [7] was to use a scaling such that -16dBm0 would correspond to -26dBov for signals recorded at the POI and -4.7dBPa would correspond to -26dBov for signals recorded at the MRP. 

However, since it was proposed by the working group to use +1.3dBPa active speech level at MRP, the following modified scaling was derived:

Table 19 - Gain normalization for recordings

	For reference clean speech: 
	direct scaling to -26dBov ASL

	For recordings at MRP: 
	+1.3dBPa = -26dBov

	For recordings at POI: 
	+3.14dBm0 = -5.36dBov


The necessary gains to be applied were calculated using the calibration files recorded and the gains applied through batch processing in Adobe Audition 3.0. The recordings had enough headroom and no clipping occurred during the normalization procedure.
5.4 Configuration of G.160 tool

The following configuration was used for the G.160 calculation tool (example):

	g160app2ta for_proc\male_female_single-talk_seq_2_ANR.8k.wav for_proc\0018_00_3_0_0_1-1.wav for_proc\0018_00_3_0_0_0-1.wav -ts 7.2 -sf 8000 -cn -65 >>results_conv.csv




The main parameters to be noted are:

· Initial 7.2 seconds are discarded (corresponding to the silence period and first sentence)

· Comfort noise level is set to -65dBov
5.5 Results
The following results were obtained discarding the initial 7.2s of the speech material (the entire first sentence) to allow for proper convergence of the algorithm. Only the SNRi result obtained by the tool is reported. The tool could not compute the SNRi properly for condition 17 (Fullsize car with the shortened pauses speech). This is currently under investigation.
Table 20 - SNRi results

	Results obtained with male_female_single-talk_seq_2_ANR.8k.wav speech file



	
	SNRi+ scores

	1s leading and trailing silence pauses
	0018
	0100
	0101
	0102
	0103
	0104
	0105
	0025
	0027

	01 = Fullsize_Car1_130Kmh_binaural
	8.47
	11.35
	21.16
	8.11
	-2.64
	3.45
	4.32
	-2.97
	6.09

	02 = Cafeteria_Noise_binaural
	3.18
	4.91
	10.93
	-0.80
	-5.26
	1.56
	0.37
	-4.71
	-0.55

	03 = Shopping_Center_binaural
	0.67
	2.21
	9.64
	-1.21
	-4.13
	-0.57
	1.82
	-5.37
	-2.75

	04 = Sports_Noise1_Indoor_Soccer_bin
	3.20
	5.07
	12.47
	-0.87
	-4.55
	-1.81
	0.74
	-5.31
	-1.23

	05 = Sports_Noise2_Badminton_binaur
	1.96
	-1.46
	4.89
	-2.48
	-1.93
	-0.80
	1.95
	-3.36
	-2.21

	06 = Train_Station_binaural
	4.65
	7.93
	14.40
	3.74
	-3.01
	2.31
	3.61
	-3.13
	2.99

	07 = Outside_Traffic_Road_binaural
	3.89
	8.31
	13.00
	0.52
	-4.82
	0.69
	2.35
	-2.84
	1.42

	08 = Midsize_Car2_130Kmh_binaural
	9.46
	11.97
	21.73
	4.64
	-2.48
	2.36
	4.04
	-3.44
	5.67

	09 = Inside_Bus_Noise_binaural
	5.15
	10.08
	19.62
	9.47
	-5.42
	0.43
	2.15
	-4.55
	3.08

	10 = Living_Room_Noise_binaural
	4.73
	2.80
	9.07
	-2.82
	-6.46
	-3.93
	-0.31
	-5.52
	-2.19

	11 = Pub_Noise_binaural_V2
	-0.29
	9.11
	13.75
	2.48
	-7.77
	-0.89
	-0.04
	-6.13
	1.34

	12 = Mensa_binaural
	2.37
	2.13
	10.32
	-3.75
	-6.50
	-2.54
	0.43
	-5.83
	-3.46

	13 = Kindergarten_Noise2_binaural
	-1.51
	9.21
	13.01
	-6.34
	-11.31
	-6.35
	-3.53
	-11.38
	-4.58

	14 = Schoolyard_Noise2_binaural
	1.72
	5.51
	7.10
	-5.44
	-6.36
	-4.37
	-1.96
	-8.09
	-4.24

	15 = Male_Single_Voice_Distractor_bin
	-0.50
	1.46
	9.38
	-4.91
	-6.60
	-5.31
	-1.81
	-6.98
	-2.41

	16 = Clean (room noise,not part of ETSI)
	1.77
	-3.02
	1.49
	-0.34
	2.65
	0.89
	2.44
	-0.33
	0.25

	AVERAGE
	2.70
	5.08
	11.39
	-0.54
	-4.93
	-1.22
	0.82
	-5.13
	-0.59

	Results obtained with male_female_single-talk_seq_ANR.8k.wav speech file



	
	SNRi+ scores

	0.2s silence pauses
	0018
	0100
	0101
	0102
	0103
	0104
	0105
	0025
	0027

	17 = Fullsize_Car1_130Kmh_binaural
	-
	-
	-
	-
	-
	-
	-
	-
	1.45

	18 = Cafeteria_Noise_binaural
	5.42
	16.34
	19.04
	2.30
	-5.49
	3.02
	3.20
	-4.27
	2.68

	19 = Shopping_Center_binaural
	6.77
	13.78
	16.63
	2.98
	-2.10
	6.95
	6.40
	-3.47
	3.62

	20 = Sports_Noise1_Indoor_Soccer_bin
	6.53
	15.08
	19.37
	2.55
	-5.42
	2.72
	2.83
	-5.28
	3.50

	21 = Sports_Noise2_Badminton_binaur
	2.78
	3.78
	8.07
	-2.47
	-5.19
	-2.25
	1.29
	-6.27
	0.86

	22 = Train_Station_binaural
	7.92
	19.33
	19.71
	4.17
	-3.16
	5.15
	5.15
	-2.14
	4.18

	23 = Outside_Traffic_Road_binaural
	5.40
	15.90
	16.01
	5.04
	-5.57
	1.55
	2.19
	-2.37
	2.33

	24 = Midsize_Car2_130Kmh_binaural
	3.99
	15.75
	25.32
	10.67
	-3.13
	4.06
	5.21
	-2.58
	6.81

	25 = Inside_Bus_Noise_binaural
	1.05
	13.44
	24.17
	9.93
	-6.13
	1.21
	2.57
	-4.19
	3.01

	26 = Living_Room_Noise_binaural
	7.09
	12.35
	15.48
	0.38
	-4.46
	6.25
	5.02
	-7.09
	2.98

	27 = Pub_Noise_binaural_V2
	-0.54
	17.09
	13.05
	3.20
	-7.91
	0.72
	1.35
	-8.61
	2.92

	28 = Mensa_binaural
	4.96
	13.18
	17.51
	-0.06
	-6.50
	2.51
	3.62
	-4.99
	1.66

	29 = Kindergarten_Noise2_binaural
	-0.78
	16.64
	15.41
	-1.21
	-9.03
	-4.41
	-1.39
	-9.51
	-2.64

	30 = Schoolyard_Noise2_binaural
	4.75
	15.31
	13.56
	0.01
	-6.39
	0.49
	1.72
	-8.38
	0.98

	31 = Male_Single_Voice_Distractor_bin
	0.35
	8.34
	10.44
	-5.04
	-11.12
	-8.31
	-3.15
	-9.94
	-3.98

	32 = Clean (room noise,not part of ETSI
	3.49
	-1.85
	2.94
	2.56
	2.04
	2.18
	3.90
	0.22
	2.78

	AVERAGE
	3.95
	12.97
	15.78
	2.33
	-5.30
	1.46
	2.66
	-5.26
	2.11


5.6 Analysis

The results show that there is generally a higher estimation of the SNRi scores for the condition of forced shortened speech pauses. This is also visualized in Figure 1 below. This seems to be especially true for the conditions of higher noise suppression. A possible explanation is that through the use of forced shortened speech pauses the noise power level estimation is less corrupted by eventual residual speech power. Also, for some cases, the actual state of the algorithm may be different during the second part of the testing (speech/noise conditions from 17 to 32). In such case it is important that this particular noise playback sequence is repeated when performing the tests in other participating labs.
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Figure 1 - Comparison of results with standard and shortened speech pauses
5.7 Additional recordings

In addition to the recordings described above, recordings with real speech using pink noise were performed. The pink noise was set using a different configuration from the binaural setup. 4 uncorrelated sources were used. At the time of this writing these result had yet to be processed.
6 Appendix I – Clean Speech material properties

Figure 2 and Figure 3 illustrate the RMS level (10ms window) over time for the clean reference speech material after pre-filtering and scaling to -26dBov ASL. The calculation procedure in [4] uses the filtered reference speech to perform frame classification and it is important that a fixed filter condition is used so that it can be ensured that sufficient and consistent frames are classified in each category for the calculation tool.

The plots are for the male_female_single-talk_seq_2_ANR.8k.wav and male_female_single-talk_seq_ANR.8k.wav. It can be seen from the plot that several frames should be classified as short speech pause by the calculation tool in [4], even with the updated classification threshold of -35dB below ASL. In such scenario, a frame should be classified as short speech pause if its level is below -61dBov and the pauses are shorter than 400ms.
In both cases the speech has the MSIN and LP35/LP7 filters applied and are pre-normalized to -26dBov ASL. 
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Figure 2 - RMS power level over time for filtered and scaled reference speech with standard pauses
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Figure 3 - RMS power level over time for filtered and scaled reference speech with shortened speech pauses
Appendix II – Scripts used to generate the speech material

: Demo of P.501 Male/Female Single-Talk Sequence for Updated ANR method

: v1.0.b (16.12.2010)

: Original script (ITU-T SG12)

: David Isherwood

: Nokia Corporation

: david.isherwood@nokia.com

: Modification for use with updated ANR method and subjective testing structure.

: Andre Schevciw

: Qualcomm Incorporated

: andre.schevciw@qualcomm.com

: Pre-requisite executables

: ITU-T Rec. G.191 (03/10) - astrip.exe, sv56demo.exe

: (Available from http://www.itu.int/rec/T-REC-G.191/en)

: McGill AFSP tools - CopyAudio.exe, GenNoise.exe, FiltAudio -P "integer16, 0, 48000, native, 1, default".exe

: (Available from http://www-mmsp.ece.mcgill.ca/documents/Software/)

: Reference input files and parameters should be defined below

ECHO OFF

CLS

SETLOCAL

: REFERENCES

: High-pass filtering coefficients text file

SET FILTER=FIR_HPF_70Hz_40Hz_30dB.txt

: Pause length in samples

SET /A PAUSE=48000

SET /A LONGPAUSE=96000

SET /A INITIALPAUSE=240000

: Speech file sequence with filename extensions removed (e.g. no ".wav")

SET SPEECH01=ef02_s004_edit

SET SPEECH02=L01P05_F1_N_NF_GB_S48B16N-26dB

SET SPEECH03=L01P08_F2_N_NF_GB_S48B16N-26dB

SET SPEECH04=em01_s004_edit

SET SPEECH05=L01P03_M1_N_NF_GB_S48B16N-26dB

SET SPEECH06=L01P09_M2_N_NF_GB_S48B16N-26dB

SET SPEECH07=ef03_s001_edit

SET SPEECH08=L01P04_F3_N_NF_GB_S48B16N-26dB

SET SPEECH09=L01P10_F4_N_NF_GB_S48B16N-26dB

SET SPEECH10=em02_s004_edit

SET SPEECH11=L01P06_M3_N_NF_GB_S48B16N-26dB

SET SPEECH12=L01P02_M4_N_NF_GB_S48B16N-26dB

:PROCESSING

: Conversion from .wav to .raw format

copyaudio -F "noheader" %SPEECH01%.wav %SPEECH01%_temp1.raw

copyaudio -F "noheader" %SPEECH02%.wav %SPEECH02%_temp1.raw

copyaudio -F "noheader" %SPEECH03%.wav %SPEECH03%_temp1.raw

copyaudio -F "noheader" %SPEECH04%.wav %SPEECH04%_temp1.raw

copyaudio -F "noheader" %SPEECH05%.wav %SPEECH05%_temp1.raw

copyaudio -F "noheader" %SPEECH06%.wav %SPEECH06%_temp1.raw

copyaudio -F "noheader" %SPEECH07%.wav %SPEECH07%_temp1.raw

copyaudio -F "noheader" %SPEECH08%.wav %SPEECH08%_temp1.raw

copyaudio -F "noheader" %SPEECH09%.wav %SPEECH09%_temp1.raw

copyaudio -F "noheader" %SPEECH10%.wav %SPEECH10%_temp1.raw

copyaudio -F "noheader" %SPEECH11%.wav %SPEECH11%_temp1.raw

copyaudio -F "noheader" %SPEECH12%.wav %SPEECH12%_temp1.raw

: High pass filtering of the samples (Psytechnic files only renamed - command to filter them commented out)

CopyAudio -t "noheader" -P "integer16, 0, 48000, native, 1, default" %SPEECH01%_temp1.raw %SPEECH01%_temp2.raw

: FiltAudio -P "integer16, 0, 48000, native, 1, default" -f %FILTER% %SPEECH01%_temp1.raw %SPEECH01%_temp2.raw

FiltAudio -P "integer16, 0, 48000, native, 1, default" -f %FILTER% %SPEECH02%_temp1.raw %SPEECH02%_temp2.raw

FiltAudio -P "integer16, 0, 48000, native, 1, default" -f %FILTER% %SPEECH03%_temp1.raw %SPEECH03%_temp2.raw

CopyAudio -t "noheader" -P "integer16, 0, 48000, native, 1, default" %SPEECH04%_temp1.raw %SPEECH04%_temp2.raw

: FiltAudio -P "integer16, 0, 48000, native, 1, default" -f %FILTER% %SPEECH04%_temp1.raw %SPEECH04%_temp2.raw

FiltAudio -P "integer16, 0, 48000, native, 1, default" -f %FILTER% %SPEECH05%_temp1.raw %SPEECH05%_temp2.raw

FiltAudio -P "integer16, 0, 48000, native, 1, default" -f %FILTER% %SPEECH06%_temp1.raw %SPEECH06%_temp2.raw

CopyAudio -t "noheader" -P "integer16, 0, 48000, native, 1, default" %SPEECH07%_temp1.raw %SPEECH07%_temp2.raw
: FiltAudio -P "integer16, 0, 48000, native, 1, default" -f %FILTER% %SPEECH07%_temp1.raw %SPEECH07%_temp2.raw

FiltAudio -P "integer16, 0, 48000, native, 1, default" -f %FILTER% %SPEECH08%_temp1.raw %SPEECH08%_temp2.raw
FiltAudio -P "integer16, 0, 48000, native, 1, default" -f %FILTER% %SPEECH09%_temp1.raw %SPEECH09%_temp2.raw
CopyAudio -t "noheader" -P "integer16, 0, 48000, native, 1, default" %SPEECH10%_temp1.raw %SPEECH10%_temp2.raw
: FiltAudio -P "integer16, 0, 48000, native, 1, default" -f %FILTER% %SPEECH10%_temp1.raw %SPEECH10%_temp2.raw

FiltAudio -P "integer16, 0, 48000, native, 1, default" -f %FILTER% %SPEECH11%_temp1.raw %SPEECH11%_temp2.raw
FiltAudio -P "integer16, 0, 48000, native, 1, default" -f %FILTER% %SPEECH12%_temp1.raw %SPEECH12%_temp2.raw

: Linear fade-in and fade-out (-wlen defines the duration in samples of the fade)
astrip -smooth -sample -wlen 240 %SPEECH01%_temp2.raw %SPEECH01%_temp3.raw

astrip -smooth -sample -wlen 240 %SPEECH02%_temp2.raw %SPEECH02%_temp3.raw
astrip -smooth -sample -wlen 240 %SPEECH03%_temp2.raw %SPEECH03%_temp3.raw

astrip -smooth -sample -wlen 240 %SPEECH04%_temp2.raw %SPEECH04%_temp3.raw
astrip -smooth -sample -wlen 240 %SPEECH05%_temp2.raw %SPEECH05%_temp3.raw

astrip -smooth -sample -wlen 240 %SPEECH06%_temp2.raw %SPEECH06%_temp3.raw
astrip -smooth -sample -wlen 240 %SPEECH07%_temp2.raw %SPEECH07%_temp3.raw

astrip -smooth -sample -wlen 240 %SPEECH08%_temp2.raw %SPEECH08%_temp3.raw
astrip -smooth -sample -wlen 240 %SPEECH09%_temp2.raw %SPEECH09%_temp3.raw

astrip -smooth -sample -wlen 240 %SPEECH10%_temp2.raw %SPEECH10%_temp3.raw
astrip -smooth -sample -wlen 240 %SPEECH11%_temp2.raw %SPEECH11%_temp3.raw

astrip -smooth -sample -wlen 240 %SPEECH12%_temp2.raw %SPEECH12%_temp3.raw
: Analysis of active speech level and gain adjustment to a target of -26dBov for each file individually

sv56demo -q -lev -26 -sf 48000 %SPEECH01%_temp3.raw %SPEECH01%_temp4.raw
sv56demo -q -lev -26 -sf 48000 %SPEECH02%_temp3.raw %SPEECH02%_temp4.raw

sv56demo -q -lev -26 -sf 48000 %SPEECH03%_temp3.raw %SPEECH03%_temp4.raw
sv56demo -q -lev -26 -sf 48000 %SPEECH04%_temp3.raw %SPEECH04%_temp4.raw

sv56demo -q -lev -26 -sf 48000 %SPEECH05%_temp3.raw %SPEECH05%_temp4.raw
sv56demo -q -lev -26 -sf 48000 %SPEECH06%_temp3.raw %SPEECH06%_temp4.raw

sv56demo -q -lev -26 -sf 48000 %SPEECH07%_temp3.raw %SPEECH07%_temp4.raw
sv56demo -q -lev -26 -sf 48000 %SPEECH08%_temp3.raw %SPEECH08%_temp4.raw

sv56demo -q -lev -26 -sf 48000 %SPEECH09%_temp3.raw %SPEECH09%_temp4.raw
sv56demo -q -lev -26 -sf 48000 %SPEECH10%_temp3.raw %SPEECH10%_temp4.raw

sv56demo -q -lev -26 -sf 48000 %SPEECH11%_temp3.raw %SPEECH11%_temp4.raw
sv56demo -q -lev -26 -sf 48000 %SPEECH12%_temp3.raw %SPEECH12%_temp4.raw

: Generation of Gausian dither-like signal for pauses
GenNoise -d "0.5/32768" -n %PAUSE% -s 48000 -F "noheader" -D "integer16" dither.raw

GenNoise -d "0.5/32768" -n %LONGPAUSE% -s 48000 -F "noheader" -D "integer16" longdither.raw
GenNoise -d "0.5/32768" -n %INITIALPAUSE% -s 48000 -F "noheader" -D "integer16" initialdither.raw

: Concatenation of all speech samples
: A) with initial pause at the beginning for algorithm convergence, 1s pause between sentences and 2s: pauses between sentence pairs, as well as conversion to .wav

: Intermediary files are due to limitations in the number of files CopyAudio can concatenate at once

CopyAudio -C -t "noheader" -P "integer16, 0, 48000, native, 1, default" initialdither.raw %SPEECH01%_temp4.raw dither.raw %SPEECH02%_temp4.raw longdither.raw %SPEECH03%_temp4.raw dither.raw %SPEECH04%_temp4.raw with_pause_temp1.raw

CopyAudio -C -t "noheader" -P "integer16, 0, 48000, native, 1, default" longdither.raw %SPEECH05%_temp4.raw dither.raw %SPEECH06%_temp4.raw longdither.raw %SPEECH07%_temp4.raw dither.raw %SPEECH08%_temp4.raw with_pause_temp2.raw
CopyAudio -C -t "noheader" -P "integer16, 0, 48000, native, 1, default" -F "WAVE" -D "integer16" with_pause_temp1.raw with_pause_temp2.raw initialdither.raw demo_male_female_single-talk_seq_2.wav

: Cleanup and completion
del /F /Q *.raw

ECHO Process complete!

ENDLOCAL
: Demo of P.501 Male/Female Single-Talk Sequence for Updated ANR method
: v1.0 (14.12.2010)

: Original script (ITU-T SG12)

: David Isherwood
: Nokia Corporation

: david.isherwood@nokia.com
: Modification for use with updated ANR method

: Andre Schevciw
: Qualcomm Incorporated

: andre.schevciw@qualcomm.com
: Pre-requisite executibles

: ITU-T Rec. G.191 (03/10) - astrip.exe, sv56demo.exe
: (Available from http://www.itu.int/rec/T-REC-G.191/en)

: McGill AFSP tools - CopyAudio.exe, GenNoise.exe, FiltAudio -P "integer16, 0, 48000, native, 1, default".exe
: (Available from http://www-mmsp.ece.mcgill.ca/documents/Software/)

: Reference input files and parameters should be defined below
ECHO OFF

CLS

SETLOCAL

: REFERENCES

: High-pass filtering coefficients text file
SET FILTER=FIR_HPF_70Hz_40Hz_30dB.txt

: Pause length in samples

SET /A PAUSE=12000
SET /A LONGPAUSE=480000

SET /A INITIALPAUSE=240000
: Speech file sequence with filename extensions removed (e.g. no ".wav")

SET SPEECH01=ef02_s004_edit
SET SPEECH02=L01P05_F1_N_NF_GB_S48B16N-26dB

SET SPEECH03=L01P08_F2_N_NF_GB_S48B16N-26dB
SET SPEECH04=em01_s004_edit

SET SPEECH05=L01P03_M1_N_NF_GB_S48B16N-26dB

SET SPEECH06=L01P09_M2_N_NF_GB_S48B16N-26dB
SET SPEECH07=ef03_s001_edit

SET SPEECH08=L01P04_F3_N_NF_GB_S48B16N-26dB

SET SPEECH09=L01P10_F4_N_NF_GB_S48B16N-26dB
SET SPEECH10=em02_s004_edit
SET SPEECH11=L01P06_M3_N_NF_GB_S48B16N-26dB
SET SPEECH12=L01P02_M4_N_NF_GB_S48B16N-26dB

:PROCESSING
: Conversion from .wav to .raw format

copyaudio -F "noheader" %SPEECH01%.wav %SPEECH01%_temp1.raw
copyaudio -F "noheader" %SPEECH02%.wav %SPEECH02%_temp1.raw

copyaudio -F "noheader" %SPEECH03%.wav %SPEECH03%_temp1.raw
copyaudio -F "noheader" %SPEECH04%.wav %SPEECH04%_temp1.raw

copyaudio -F "noheader" %SPEECH05%.wav %SPEECH05%_temp1.raw
copyaudio -F "noheader" %SPEECH06%.wav %SPEECH06%_temp1.raw

copyaudio -F "noheader" %SPEECH07%.wav %SPEECH07%_temp1.raw

copyaudio -F "noheader" %SPEECH08%.wav %SPEECH08%_temp1.raw
copyaudio -F "noheader" %SPEECH09%.wav %SPEECH09%_temp1.raw

copyaudio -F "noheader" %SPEECH10%.wav %SPEECH10%_temp1.raw
copyaudio -F "noheader" %SPEECH11%.wav %SPEECH11%_temp1.raw

copyaudio -F "noheader" %SPEECH12%.wav %SPEECH12%_temp1.raw
: High pass filtering of the samples (Psytechnic files only renamed - command to filter them commented out)

CopyAudio -t "noheader" -P "integer16, 0, 48000, native, 1, default" %SPEECH01%_temp1.raw %SPEECH01%_temp2.raw
: FiltAudio -P "integer16, 0, 48000, native, 1, default" -f %FILTER% %SPEECH01%_temp1.raw %SPEECH01%_temp2.raw

FiltAudio -P "integer16, 0, 48000, native, 1, default" -f %FILTER% %SPEECH02%_temp1.raw %SPEECH02%_temp2.raw
FiltAudio -P "integer16, 0, 48000, native, 1, default" -f %FILTER% %SPEECH03%_temp1.raw %SPEECH03%_temp2.raw
CopyAudio -t "noheader" -P "integer16, 0, 48000, native, 1, default" %SPEECH04%_temp1.raw %SPEECH04%_temp2.raw

: FiltAudio -P "integer16, 0, 48000, native, 1, default" -f %FILTER% %SPEECH04%_temp1.raw %SPEECH04%_temp2.raw
FiltAudio -P "integer16, 0, 48000, native, 1, default" -f %FILTER% %SPEECH05%_temp1.raw %SPEECH05%_temp2.raw
FiltAudio -P "integer16, 0, 48000, native, 1, default" -f %FILTER% %SPEECH06%_temp1.raw %SPEECH06%_temp2.raw
CopyAudio -t "noheader" -P "integer16, 0, 48000, native, 1, default" %SPEECH07%_temp1.raw %SPEECH07%_temp2.raw
: FiltAudio -P "integer16, 0, 48000, native, 1, default" -f %FILTER% %SPEECH07%_temp1.raw %SPEECH07%_temp2.raw
FiltAudio -P "integer16, 0, 48000, native, 1, default" -f %FILTER% %SPEECH08%_temp1.raw %SPEECH08%_temp2.raw
FiltAudio -P "integer16, 0, 48000, native, 1, default" -f %FILTER% %SPEECH09%_temp1.raw %SPEECH09%_temp2.raw

CopyAudio -t "noheader" -P "integer16, 0, 48000, native, 1, default" %SPEECH10%_temp1.raw %SPEECH10%_temp2.raw
: FiltAudio -P "integer16, 0, 48000, native, 1, default" -f %FILTER% %SPEECH10%_temp1.raw %SPEECH10%_temp2.raw
FiltAudio -P "integer16, 0, 48000, native, 1, default" -f %FILTER% %SPEECH11%_temp1.raw %SPEECH11%_temp2.raw

FiltAudio -P "integer16, 0, 48000, native, 1, default" -f %FILTER% %SPEECH12%_temp1.raw %SPEECH12%_temp2.raw
: Linear fade-in and fade-out (-wlen defines the duration in samples of the fade)
astrip -smooth -sample -wlen 240 %SPEECH01%_temp2.raw %SPEECH01%_temp3.raw

astrip -smooth -sample -wlen 240 %SPEECH02%_temp2.raw %SPEECH02%_temp3.raw
astrip -smooth -sample -wlen 240 %SPEECH03%_temp2.raw %SPEECH03%_temp3.raw

astrip -smooth -sample -wlen 240 %SPEECH04%_temp2.raw %SPEECH04%_temp3.raw
astrip -smooth -sample -wlen 240 %SPEECH05%_temp2.raw %SPEECH05%_temp3.raw

astrip -smooth -sample -wlen 240 %SPEECH06%_temp2.raw %SPEECH06%_temp3.raw
astrip -smooth -sample -wlen 240 %SPEECH07%_temp2.raw %SPEECH07%_temp3.raw
astrip -smooth -sample -wlen 240 %SPEECH08%_temp2.raw %SPEECH08%_temp3.raw

astrip -smooth -sample -wlen 240 %SPEECH09%_temp2.raw %SPEECH09%_temp3.raw
astrip -smooth -sample -wlen 240 %SPEECH10%_temp2.raw %SPEECH10%_temp3.raw
astrip -smooth -sample -wlen 240 %SPEECH11%_temp2.raw %SPEECH11%_temp3.raw

astrip -smooth -sample -wlen 240 %SPEECH12%_temp2.raw %SPEECH12%_temp3.raw
: Analysis of active speech level and gain adjustment to a target of -26dBov for each file individually
sv56demo -q -lev -26 -sf 48000 %SPEECH01%_temp3.raw %SPEECH01%_temp4.raw
sv56demo -q -lev -26 -sf 48000 %SPEECH02%_temp3.raw %SPEECH02%_temp4.raw
sv56demo -q -lev -26 -sf 48000 %SPEECH03%_temp3.raw %SPEECH03%_temp4.raw

sv56demo -q -lev -26 -sf 48000 %SPEECH04%_temp3.raw %SPEECH04%_temp4.raw
sv56demo -q -lev -26 -sf 48000 %SPEECH05%_temp3.raw %SPEECH05%_temp4.raw

sv56demo -q -lev -26 -sf 48000 %SPEECH06%_temp3.raw %SPEECH06%_temp4.raw
sv56demo -q -lev -26 -sf 48000 %SPEECH07%_temp3.raw %SPEECH07%_temp4.raw

sv56demo -q -lev -26 -sf 48000 %SPEECH08%_temp3.raw %SPEECH08%_temp4.raw
sv56demo -q -lev -26 -sf 48000 %SPEECH09%_temp3.raw %SPEECH09%_temp4.raw

sv56demo -q -lev -26 -sf 48000 %SPEECH10%_temp3.raw %SPEECH10%_temp4.raw
sv56demo -q -lev -26 -sf 48000 %SPEECH11%_temp3.raw %SPEECH11%_temp4.raw
sv56demo -q -lev -26 -sf 48000 %SPEECH12%_temp3.raw %SPEECH12%_temp4.raw

: Generation of Gausian dither-like signal for pauses
GenNoise -d "0.5/32768" -n %PAUSE% -s 48000 -F "noheader" -D "integer16" dither.raw

GenNoise -d "0.5/32768" -n %LONGPAUSE% -s 48000 -F "noheader" -D "integer16" longdither.raw
GenNoise -d "0.5/32768" -n %INITIALPAUSE% -s 48000 -F "noheader" -D "integer16" initialdither.raw
: Concatenation of all speech samples
: A) with initial pause at the beginning for algorithm convergence, short pauses between sentences for SNRi calculation and long pause at the end for SNRi calculation and D-Value method calculation

: as well as conversion to .wav
: Intermediary files are due to limitations in the number of files CopyAudio can concatenate at once

CopyAudio -C -t "noheader" -P "integer16, 0, 48000, native, 1, default" initialdither.raw %SPEECH01%_temp4.raw dither.raw %SPEECH02%_temp4.raw dither.raw %SPEECH03%_temp4.raw dither.raw %SPEECH04%_temp4.raw with_pause_temp1.raw
CopyAudio -C -t "noheader" -P "integer16, 0, 48000, native, 1, default" dither.raw %SPEECH05%_temp4.raw dither.raw %SPEECH06%_temp4.raw dither.raw %SPEECH07%_temp4.raw dither.raw %SPEECH08%_temp4.raw with_pause_temp2.raw

CopyAudio -C -t "noheader" -P "integer16, 0, 48000, native, 1, default" dither.raw %SPEECH09%_temp4.raw dither.raw %SPEECH10%_temp4.raw dither.raw %SPEECH11%_temp4.raw dither.raw %SPEECH12%_temp4.raw dither.raw with_pause_temp3.raw
CopyAudio -C -t "noheader" -P "integer16, 0, 48000, native, 1, default" -F "WAVE" -D "integer16" with_pause_temp1.raw with_pause_temp2.raw with_pause_temp3.raw longdither.raw demo_male_female_single-talk_seq.wav

: Cleanup and completion
del /F /Q *.raw

ECHO Process complete!

ENDLOCAL
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