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Introduction

Advanced terminal noise suppression systems are of benefit to both mobile users and operators. It can eliminate adverse interaction of noise signals with speech codecs that detract from the subjective listening quality and, if high enough, facilitate the operation of DTX functionality, increasing network capacity and terminal battery life.

At present, 3GPP TS 26.131 defines an Ambient Noise Rejection (ANR) test that does not capture some important aspects of terminal noise suppression. In the ANR test, the send sensitivity of the terminal to speech and noise are independently measured and compared, to provide a measurement of ambient noise rejection. One immediate shortcoming of the method is that it does not capture the impacts of potential attenuation of speech introduced by the noise suppression algorithm in the presence of noise, making the measurement of little significance to evaluate the actual SNR improvement.  Another aspect is that some noise suppression systems depend on the presence of speech to correctly adapt. 

Given the problems above, we suggest that the ANR test is replaced by a more modern method in the next 3GPP TS 26.131 revision.

Alternatives to the Ambient Noise Rejection Test

The ETSI EG 202.396 standard is an interesting alternative, as it attempts to capture not only the noise reduction performance, but also potential speech degradation impacts introduced by the noise suppression system. Unfortunately, to date, the method has presented incorrect predictions with more advanced noise suppression systems and needs fine tuning to cover these scenarios.

ITU-T G.160, Appendix II – Amendment 1, defines a method to characterize the basic functioning of noise suppression algorithms.  In particular, the SNRi metric presented in the document, is a strong candidate for adoption by 3GPP TS 26.131. The method requires three inputs: 

1. Clean speech 

2. Mixture of speech and noise prior to noise reduction, termed ‘noisy speech’

3. Mixture of speech and noise after noise reduction (NR), termed ‘noise-reduced speech’

The main challenge in applying G.160 to acoustic terminals lies in defining the appropriate ‘noisy speech’.  Apart from its noise suppression algorithm, a terminal incorporates a send path transfer function that effectively changes the SNR from its microphone location to the network. Depending on whether one would like to include these effects into the terminal assessment, different pre-processing methods must be applied to the ‘noisy speech’ signal. 

A few methods are been considered within the industry:
· Method 1: The “noisy speech” is acquired at the primary microphone location of the terminal device, using a measurement microphone, and no further filtering is applied to this signal.

· Method 2: The “noisy speech” is acquired at the POI with the terminal noise suppression disabled and no further filtering is applied to this signal.

· Method 3: The “noisy speech” is acquired at the primary microphone location of the terminal device, using a measurement microphone, and the signal is filtered with the sending frequency response of the terminal from the terminal’s microphone position to the POI (network interface).

· Method 4: The “noisy speech” is acquired at the primary microphone location of the terminal device, using a measurement microphone, and the signal is filtered with the IRS filter from ITU-T P.48 Table 1.

· Method 5: The “noisy speech” is acquired at the MRP, using a measurement microphone, and the signal is filtered with the IRS filter from ITU-T P.48 Table 1.

Analysis of the different methods

Method 1

This method applies no send path filter characteristics to the ‘noisy speech’ and is straightforward in its implementation. It also provides an assessment of the true “terminal SNRi” as it incorporates all possible terminal characteristics to improve SNR (high pass filter, etc.). However, the actual noise level obtained with this method can be very sensitive to variation in low frequency noise from lab to lab and, therefore, it might have reproducibility issues. It also gives overly optimistic SNRi numbers in case of noise scenarios with a lot of low frequency content (e.g. car noise) as most terminals incorporate some form of high pass filtering in the send path.

Method 2

This method compares the signal at the POI under two conditions: noise suppression enabled and noise suppression disabled. It offers good reproducibility as it eliminates many of the measurement variables from the other methods and other metrics from ITU-T G.160 can be directly computed with it. It isolates the effects of the noise suppression algorithm and does not incorporate other terminal characteristics (high pass filtering, microphone directivity, etc.). It may be hard to be implemented in practice due to the need of an UI control for enabling/disabling noise suppression.

Method 3

This method filters the ‘noisy speech’ signal with the terminal sending frequency response of the terminal from the terminal’s microphone position to the POI.  It attempts to isolate the effects of the noise suppression algorithm and does not incorporate other terminal characteristics (high pass filtering, microphone directivity, etc.). It is arguably the most complicated method as it requires the derivation of a filter for each measurement, but it achieves the same goals of method 2, without the practical issues associated with it.

Method 4

This method filters the ‘noisy speech’ signal with the send IRS filter from ITU-T P.48. This method is to be interpreted as the terminal SNR improvement over a known reference system. In contrast to methods 2 and 3, it does not require an additional measurement step and incorporates the effects of the terminal frequency response and other characteristics. One drawback of this method is that one cannot calculate the other quantities in ITU-T G.160 (e.g. TNLR) as the IRS filter is fixed and no compensation for the path loss between MRP and the terminal’s primary microphone is applied. 

Method 5

Like method 4, this method filters the ‘noisy speech’ signal with the send IRS filter from ITU-T P.48. The difference is that the noisy speech signal is acquired at MRP as opposed to the terminal’s primary microphone location. The practical implication is that the SNRi result is effectively reduced by the path loss from MRP to the terminal’s primary microphone. This is the same principle applied to the ANR methodology in 3GPP TS 26.131 and effectively compares the SNR improvement of the terminal with a device that has its microphone close to the MRP (as is the case with many landline terminals). It has the advantage of being the only method that exposes potential issues with very short phones that have a large path loss. It is also does not require positioning of a reference microphone close to the terminal’s primary microphone which can often be cumbersome in the lab. Other quantities from ITU-T G.160 could still be measured with this method, with the understanding that large deviations from the nominal SLR will impact the final result.

Measurements with different methods:

To better analyze the applicability of each of the methods, tests were conducted in the lab. Five terminal conditions were assessed:

TERMINAL 1 - NO NOISE SUPPRESSION AND 250Hz HP FILTER ENABLED

TERMINAL 2 - NO NOISE SUPPRESSION AND 250Hz HP FILTER DISABLED

TERMINAL 3 - DUAL MICROPHONE NOISE SUPPRESSION WITH 250Hz HP FILTER DISABLED

TERMINAL 4 - DUAL MICROPHONE NOISE SUPPRESSION WITH 250Hz HP FILTER ENABLED

TERMINAL 5 - SINGLE MICROPHONE NOISE SUPPRESSION WITH 250Hz HP FILTER ENABLED

The conditions refer to the same terminal form factor and all were similarly mounted on HATS, with the same path loss (MRP-Terminal microphone). These conditions were chosen to verify the range of scores given by the methods with current noise suppression techniques. In addition, a high pass filter enabled/disabled condition was introduced to assess how the methods would handle the difference in high pass characteristics between terminals. The filter is a two stage (2nd order + 1st order IIR filter) high pass filter with a cutoff frequency of 250Hz (-3dB).
For each condition, the measurements were repeated five times. In each repetition, the reference measurement microphone was repositioned. This was done to evaluate the repeatability of each method.

In addition to the SNRi tests, an N-MOSLQO score was calculated, using the method in the ETSI EG-202.396 series of standards. Although it is known that the method is underpredicting the S-MOSLQO scores, generally adequate scores for N-MOSLQO have been obtained. The intention was to verify if any correlation exists between the SNRi metric and N-MOSLQO.

The test set-up utilized for Methods 1-4 is shown below. Method 5 has a similar set-up, except that the reference mic is positioned at MRP.
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Figure 1 – Terminal SNRi vector acquisition set-up
Two noise files were selected from the ETSI EG 202-396-1 database:

· Fullsize_Car1_130Kmh_binaural [L: 69,1 dBSPL(A); R: 68,1 dBSPL(A)]
· Cafeteria_Noise_binaural [L: 68,4 dBSPL(A); R: 67,3 dBSPL(A)]
These particular noise files were chosen as they are very different in composition, and can assess different aspects of noise suppression systems. 
Characteristics of the noise files chosen
Cafeteria Noise – Spectral Analysis

The spectral analysis of the Cafeteria_Noise_binaural, when plotted against the spectral analysis of the clean speech test vector, reveals that little SNRi improvement should be achieved by using a high pass filter with this noise field. This is because the spectral distribution of this noise is similar to speech with a small deterioration in SNR as the frequency increases. The use of a “slope filter” such as the send IRS filter from ITU-T P.48 would probably not help with SNR improvement as the SNR seems to be slightly decreasing with increasing frequency. Above 5 kHz the SNR rapidly deteriorates, which would cause this noise to challenge wideband noise reduction systems.
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Figure 2 – Spectrum of clean speech at MRP (black curve) and Cafeteria_Noise_binaural at left and right HATS ears

Cafeteria Noise – Spectrogram

The spectrogram for the cafeteria noise also reveals that the noise is very unstationary (dishes and objects dropping) which can be very hard to suppress for single microphone noise suppression systems. This noise file is a good choice to assess the performance of non-stationary noise suppressors.
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Figure 3 – Spectrogram of Cafeteria_Noise_binaural (left ear)
Full Size 130km/h Car Noise – Spectral Analysis

The Full Size car noise, when plotted against the spectral analysis of the clean speech test vector, reveals that good SNRi improvement should be achieved by using a high pass filter. This is because at low frequencies, the SNR becomes very small. Further improvements to the SNR can be achieved by the use of a “slope filter”, with similar shape to the send IRS filter, as the SNR is much better at higher frequencies.
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Figure 2 – Spectrum of clean speech at MRP (black curve) and Fullsize_Car1_130kmh_binaural at left and right HATS ears

Full Size 130km/h Car Noise – Spectrogram

As confirmed by the spectrogram, the car noise is very stationary which can generally be well handled by both single and dual microphone noise suppression systems. This noise file is a good choice to assess the performance of stationary noise suppressors.
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Figure 3 – Spectrogram of Fullsize_Car1_130kmh_binaural (left ear)
Results:

After acquisition of the test vectors with the methods described in detail in the Appendix, the SNRi was calculated using the SNRi calculation method from 3GPP 26.077-700. Important updates to the calculation procedure are part of ITU-T G.160 Appendix II – AMD1 and were not used here due to the unavailability of an executable at the time of this writing. This should not interfere however with the scope of this document, which is to assess the difference between the “noisy speech” acquisition methods.

Car Noise Results

	Car Noise
	
	N-MOSLQO
	SNRi (1)
	SNRi (3)
	SNRi (4)
	SNRi (2)
	SNRi (5)

	TERMINAL 1 - NO NOISE SUPPRESSION AND HP FILTER ENABLED
	1
	3.07
	11.07
	0.38
	-2.11
	0.00
	-6.90

	
	2
	3.06
	11.20
	0.25
	-2.20
	0.00
	-6.90

	
	3
	3.06
	11.08
	0.25
	-2.21
	0.00
	-6.93

	
	4
	3.07
	10.92
	0.07
	-2.43
	0.00
	-6.94

	
	5
	3.13
	10.70
	-0.04
	-2.57
	0.00
	-6.24

	TERMINAL 2 - NO NOISE SUPPRESSION AND HP FILTER DISABLED
	6
	3.11
	6.22
	-0.49
	-6.90
	0.00
	-10.67

	
	7
	3.09
	6.38
	-0.39
	-6.93
	0.00
	-10.93

	
	8
	3.08
	6.42
	-0.18
	-6.71
	0.00
	-10.88

	
	9
	3.08
	7.10
	0.48
	-6.15
	0.00
	-11.02

	
	10
	3.08
	7.61
	0.51
	-5.95
	0.00
	-11.09

	TERMINAL 3 - DUAL MICROPHONE NOISE SUPPRESSION WITH HP FILTER DISABLED
	11
	4.73
	35.44
	27.92
	22.26
	28.03
	17.36

	
	12
	4.76
	35.01
	27.50
	21.91
	27.01
	16.08

	
	13
	4.78
	34.95
	27.24
	21.54
	27.68
	16.80

	
	14
	4.60
	34.62
	27.38
	21.46
	28.63
	17.62

	
	15
	4.46
	34.64
	27.08
	21.25
	28.27
	17.18

	TERMINAL 4 - DUAL MICROPHONE NOISE SUPPRESSION WITH HP FILTER ENABLED
	16
	4.75
	32.80
	21.90
	19.59
	22.56
	15.65

	
	17
	4.71
	34.23
	23.42
	21.17
	22.96
	16.06

	
	18
	4.76
	32.92
	21.92
	19.60
	22.86
	15.93

	
	19
	4.68
	31.29
	20.31
	18.04
	20.74
	13.80

	
	20
	4.77
	34.88
	23.61
	21.36
	22.93
	16.69

	TERMINAL 5 - SINGLE MICROPHONE NOISE SUPPRESSION WITH HP FILTER ENABLED
	21
	4.00
	24.01
	13.83
	10.84
	13.11
	6.20

	
	22
	4.00
	24.43
	14.03
	11.06
	13.40
	6.49

	
	23
	4.02
	23.82
	13.31
	10.59
	12.79
	5.86

	
	24
	3.94
	24.56
	14.28
	11.41
	13.44
	6.51

	
	25
	4.08
	24.70
	14.25
	11.36
	12.68
	6.44

	
	
	
	
	
	
	
	

	NO NS MEAN
	3.08
	10.99
	0.18
	-2.30
	0.00
	-6.78

	NO NS STDEV
	0.03
	0.19
	0.17
	0.19
	0.00
	0.30

	NO NS CI (95%)
	0.03
	0.17
	0.15
	0.17
	0.00
	0.27

	
	
	
	
	
	
	
	

	NO NS, NO HP MEAN
	3.09
	6.74
	-0.01
	-6.53
	0.00
	-10.92

	NO NS, NO HP STDEV
	0.01
	0.59
	0.48
	0.45
	0.00
	0.16

	NO NS CI (95%)
	0.01
	0.52
	0.42
	0.39
	0.00
	0.14


It can be seen that for the car noise case, similar results are achieved by methods 2 and 3, which validates the intention of method 3 to be a practical workaround to achieve the results from method 2.

Methods 2 and 3 show no significant difference between the presence of a high pass filter in the “no noise suppression” condition, even though the actual SNR at the POI is different for both cases. This is expected, as these methods try to eliminate the frequency response characteristics of the terminal.  Figure 4 illustrates the differences in noise level at the POI for each of the conditions. Note that the speech level is roughly the same for all of them, meaning that the actual SNR is different for each condition.

The differences observed for the dual microphone noise suppression condition with and without high pass filtering are related to an actual difference in the performance of the noise suppressor VAD and not because of the removal of noise by the high pass filter itself.
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Figure 4 – Level x time of send path signal at the POI for Fullsize_Car1_130kmh_binaural (left ear) condition.

As predicted, method 1 produces a very high SNRi number for the car noise case (high low frequency noise content), even in the case of no noise suppression and high pass filter disabled. This is likely due to the presence of a 100Hz high pass filter applied at the narrowband speech codec.

Method 4 produces negative SNRi numbers for the “no noise suppression condition”, mainly because the terminal frequency response is somewhat flat, and the reference condition is the send IRS filter. This behaviour was expected.

Method 5 produces yet stronger negative SNRi number for the “no noise suppression condition”, as it now incorporates the path loss from MRP to primary microphone in the calculation. This number should be very close to what the current ANR method in 3GPP TS 26.131 produces as an output.

Correlation to N-MOSLQO
All methods have shown good correlation to the N-MOSLQO calculation from ETSI EG 202.396-3. This is further indication that all the methods described should be suitable in principle for assessing the noise suppression performance and the proper selection will be dependent on the scope of the test (terminal x algorithm assessment) and practical issues such as test time and reproducibility across different labs.

The R-squared of methods 2 and 3 is slightly lower than the other methods, as they both intentionally discard the effects of the high pass filtering characteristics of the terminal.
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Cafeteria Noise Results

	Cafeteria Noise
	
	N-MOSLQO
	SNRi (1)
	SNRi (3)
	SNRi (4)
	SNRi (2)
	SNRi (5)

	TERMINAL 1 - NO NOISE SUPPRESSION AND HP FILTER ENABLED
	1
	2.73
	1.07
	0.99
	2.69
	0.00
	-2.57

	
	2
	2.72
	1.01
	0.90
	2.51
	0.00
	-2.85

	
	3
	2.74
	1.49
	0.93
	2.59
	0.00
	-2.63

	
	4
	2.77
	0.80
	0.78
	2.40
	0.00
	-2.78

	
	5
	2.74
	0.05
	0.06
	1.74
	0.00
	-2.67

	TERMINAL 2 - NO NOISE SUPPRESSION AND HP FILTER DISABLED
	6
	2.77
	1.77
	0.47
	2.89
	0.00
	-1.72

	
	7
	2.74
	1.43
	0.50
	2.82
	0.00
	-1.98

	
	8
	2.76
	1.43
	0.66
	3.03
	0.00
	-1.68

	
	9
	2.76
	2.00
	1.32
	3.74
	0.00
	-1.71

	
	10
	2.75
	2.06
	1.22
	3.61
	0.00
	-1.81

	TERMINAL 3 - DUAL MICROPHONE NOISE SUPPRESSION WITH HP FILTER DISABLED
	11
	4.54
	20.53
	19.80
	22.09
	20.19
	16.70

	
	12
	4.58
	22.81
	22.17
	24.42
	21.72
	18.32

	
	13
	4.59
	22.10
	21.12
	23.53
	21.80
	18.70

	
	14
	4.21
	16.36
	15.69
	18.13
	17.46
	13.75

	
	15
	4.43
	20.12
	19.42
	21.83
	21.11
	17.25

	TERMINAL 4 - DUAL MICROPHONE NOISE SUPPRESSION WITH HP FILTER ENABLED
	16
	4.16
	16.47
	16.40
	18.32
	17.42
	13.77

	
	17
	4.17
	16.50
	16.64
	18.92
	16.72
	12.85

	
	18
	4.07
	14.17
	14.01
	16.07
	15.67
	11.55

	
	19
	4.28
	15.35
	15.24
	17.20
	15.85
	12.28

	
	20
	4.06
	14.65
	14.57
	16.36
	13.77
	11.05

	TERMINAL 5 - SINGLE MICROPHONE NOISE SUPPRESSION WITH HP FILTER ENABLED
	21
	3.17
	3.90
	3.66
	5.60
	3.91
	0.27

	
	22
	3.14
	6.10
	5.60
	7.94
	7.22
	3.36

	
	23
	3.17
	4.22
	4.01
	6.03
	5.02
	0.91

	
	24
	3.23
	4.48
	4.35
	6.36
	3.99
	1.27

	
	25
	3.19
	5.07
	5.01
	6.91
	4.20
	1.48

	
	
	
	
	
	
	
	

	NO NS MEAN
	
	2.74
	0.88
	0.73
	2.39
	0.00
	-2.70

	NO NS STDEV
	
	0.02
	0.53
	0.38
	0.38
	0.00
	0.11

	NO NS CI (95%)
	
	0.02
	0.46
	0.33
	0.33
	0.00
	0.10

	
	
	
	
	
	
	
	

	NO NS, NO HP MEAN
	
	2.75
	1.34
	0.60
	2.84
	0.00
	-1.95

	NO NS, NO HP STDEV
	
	0.01
	0.76
	0.46
	0.72
	0.00
	0.42

	NO NS CI (95%)
	
	0.01
	0.66
	0.40
	0.63
	0.00
	0.37


Similar results were obtained for the cafeteria noise condition. Because not much low frequency energy is present for this noise, Method 1 does not produce overly high scores for the no noise suppression conditions. Similarly, Methods 4 and 5 do not have significantly negative scores because, for this type of noise, the send IRS filter impacts negatively the SNR and thus, the reference to what the terminal is compared to, does not have a good SNR. 

Correlation to N-MOSLQO
Because the effects of the high pass filter are very small to the overall SNR improvement, Methods 2 and 3 produce a good fit to N-MOS for the cafeteria case and all methods show similar R-squared values.
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CONCLUSION

Several methods are proposed to incorporate the calculation of the SNRi metric to terminal noise suppression performance assessment as a replacement for ANR. All methods produce reasonable results and the choice of the correct method depends on the scope of what needs to be assessed and practical issues, such as test time and reproducibility of measurements. We consider that the SNRi is a powerful tool and an important component for a terminal performance test plan focused on Quality of Experience.
The method exposed considers the narrowband case scenario. All noise and speech databases, as well as the analysis method are ready to be implemented for the wideband case as well.
We recommend discussion and subsequent adoption of one of the methods proposed as a replacement for the ANR metric currently in 3GPP TS 26.131/32.

APPENDIX

All filters used for the methods below are FIR, 512 taps.

METHOD 1:

The steps below form a method to compute the SNR improvement of a terminal. 

The methodology makes use of the SNRi calculation steps, which are explained in ITU-T G.160 Amendment 1 and not repeated here. 

CLEAN SPEECH PREPARATION

1. Real speech utterances shall be taken from the ITU-T P.501, Amendment 1 corpus, Section B.3.3. A clean speech signal is constructed from these utterances according to the guidelines established in ITU-T G.160 Amendment 1, section II.3. The clean speech signal is filtered with the send IRS filter from ITU-T P.48 – table 1 and then scaled to an active speech level of -26dBov (using ITU-T P.56 active speech level calculator). The resulting signal constitutes the “Prefiltered clean speech” vector.

PREPARATION FOR SPEECH PLAYBACK

1. The sound pressure level at the Mouth Reference Point (MRP) must be equalized within the requirements listed in 3GPP TS 26.132 version 9.2.0 Release 9, section 5.3.  
2. Real speech utterances shall be taken from the ITU-T P.501, Ammendment 1 corpus, Section B.3.3. A clean speech signal is constructed from these utterances according to the guidelines established in ITU-T G.160 Ammendment 1, section II.3. The clean speech signal is then played through the mouth simulator and adjusted to an active speech level of -4.7 dBPa at the MRP. No IRS filter is applied to the speech.

PREPARATION FOR NOISE PLAYBACK

1. A background noise generation system must be set-up, calibrated and equalized according to the guidelines established in ETSI EG 202 396-1. Noise files shall be played back to reproduce their realistic sound pressure levels. 

ACQUISITION OF NOISY SPEECH AND NOISE REDUCED SPEECH 

1. With the terminal in a call with the network simulator, and the noise suppression algorithm enabled, the background noise stimulus is played through the background noise generation system concurrently with the application of the speech signal at the mouth simulator.
2. The noise reduced speech signal is recorded at the POI. This recorded signal constitutes the “Noise reduced speech” vector. Concurrently, the noisy speech signal is recorded with a reference measurement microphone positioned to capture the sound field at the primary microphone location of the terminal device. This recorded signal constitutes the “Noisy speech” vector.

PREPROCESSING

1. The three resulting vectors (Prefiltered clean speech, Prefiltered noisy speech and Noise reduced speech) are synchronized and downsampled to 8 kHz prior to the calculation of SNRi. The first 5s of each file is discarded to allow for convergence of the noise suppressor.
SNRi CALCULATION

1. The SNRi is calculated according to the methodology described in ITU-T G.160 Appendix II Amendment 1.
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METHOD 2:

The steps below form a method to compute the SNR improvement of a terminal noise suppression system with data acquired from a real terminal in a call.

The methodology makes use of the SNRi calculation steps which are explained in ITU-T G.160 Amendment 1 and not repeated here. 

CLEAN SPEECH PREPARATION

1. Real speech utterances shall be taken from the ITU-T P.501, Ammendment 1 corpus, Section B.3.3. A clean speech signal is constructed from these utterances according to the guidelines established in ITU-T G.160 Ammendment 1, section II.3. The clean speech signal is filtered with the send IRS filter from ITU-T P.48 – table 1 and then scaled to an active speech level of -26dBov (using ITU-T P.56 active speech level calculator). The resulting signal constitutes the “Prefiltered clean speech” vector.

PREPARATION FOR SPEECH PLAYBACK

1. The sound pressure level at the Mouth Reference Point (MRP) must be equalized within the requirements listed in 3GPP TS 26.132 version 9.2.0 Release 9, section 5.3.

2. Real speech utterances shall be taken from the ITU-T P.501, Ammendment 1 corpus, Section B.3.3. A clean speech signal is constructed from these utterances according to the guidelines established in ITU-T G.160 Ammendment 1, section II.3. The clean speech signal is then played through the mouth simulator and adjusted to an active speech level of -4.7 dBPa at the MRP. No IRS filter is applied to the speech.

PREPARATION FOR NOISE PLAYBACK

1. A background noise generation system must be set-up, calibrated and equalized according to the guidelines established in ETSI EG 202 396-1. Noise files shall be played back to reproduce their realistic sound pressure levels. 

ACQUISITION OF NOISY SPEECH AND NOISE REDUCED SPEECH 

1. With the terminal in a call with the network simulator, and the noise suppression algorithm enabled, the background noise stimulus is played through the background noise generation system concurrently with the application of the speech signal at the mouth simulator.
2. The noise reduced speech signal is recorded at the POI. This recorded signal constitutes the “Noise reduced speech” vector.
3. With the terminal in a call with the network simulator, and the noise suppression algorithm disabled, the background noise stimulus is played through the background noise generation system concurrently with the application of the speech signal at the mouth simulator.
4. The noisy speech signal is recorded at the POI. This recorded signal constitutes the “Noisy speech” vector.

PREPROCESSING

1. The three resulting vectors (Prefiltered clean speech, Prefiltered noisy speech and Noise reduced speech) are synchronized and downsampled to 8 kHz prior to the calculation of SNRi. The first 5s of each file is discarded to allow for convergence of the noise suppressor.
SNRi CALCULATION

1. The SNRi is calculated according to the methodology described in ITU-T G.160 Appendix II Amendment 1.
BLOCK DIAGRAM FOR METHOD 2

[image: image18.emf]Clean Speech from 

ITU-T P.501 AMD1 

corpus

Send IRS filter from 

ITU-T P.48

Noise Reduced 

Speech at POI

(algorithm enabled)

Prefiltering and

Downsampling

(48kHz->8kHz)

To SNRi calculation

Synchronization

(cross correlation)

Noisy Speech at 

POI

(algorithm disabled)


METHOD 3:

The steps below form a method to compute the SNR improvement of a terminal noise suppression system with data acquired from a real terminal in a call.

The methodology makes use of the SNRi calculation steps, which are explained in ITU-T G.160 Amendment 1 and not repeated here. 

CLEAN SPEECH PREPARATION

1. Real speech utterances shall be taken from the ITU-T P.501, Amendment 1 corpus, Section B.3.3. A clean speech signal is constructed from these utterances according to the guidelines established in ITU-T G.160 Amendment 1, section II.3. The clean speech signal is filtered with the send IRS filter from ITU-T P.48 – table 1 and then scaled to an active speech level of -26dBov (using ITU-T P.56 active speech level calculator). The resulting signal constitutes the “Prefiltered clean speech” vector.

PREPARATION FOR SPEECH PLAYBACK

1. The sound pressure level at the Mouth Reference Point (MRP) must be equalized within the requirements listed in 3GPP TS 26.132 version 9.2.0 Release 9, section 5.3.  
2. Real speech utterances shall be taken from the ITU-T P.501, Amendment 1 corpus, Section B.3.3. A clean speech signal is constructed from these utterances according to the guidelines established in ITU-T G.160 Amendment 1, section II.3. The clean speech signal is then played through the mouth simulator and adjusted to an active speech level of -4.7 dBPa at the MRP. No IRS filter is applied to the speech.
DERIVATION OF TERMINAL SENDING FREQUENCY RESPONSE RELATIVE TO ITS PRIMARY MICROPHONE LOCATION

1. Before the actual test, the sending frequency response of the terminal from the terminal’s microphone position to the POI (network interface) is determined in the absence of any background noise. Therefore a calibrated omnidirectional measurement microphone with linear frequency response characteristics in the frequency range from 50 Hz to 8 kHz is positioned close to the terminal microphone. The measurement is conducted like the measurement of the frequency response characteristics (see TS 26.131/TS 26.132). Instead of the signal at the MRP the signal picked up by the measurement microphone is used as the acoustical reference signal. The frequency response of the terminal is determined in dBV/Pa. This DUT-specific frequency response is called Hclean(f) .
PREPARATION FOR NOISE PLAYBACK

1. A background noise generation system must be set-up, calibrated and equalized according to the guidelines established in ETSI EG 202 396-1. Noise files shall be played back to reproduce their realistic sound pressure levels. 
ACQUISITION OF NOISY SPEECH AND NOISE REDUCED SPEECH 

1. With the terminal in a call with the network simulator, and the noise suppression algorithm enabled, the background noise stimulus is played through the background noise generation system concurrently with the application of the speech signal at the mouth simulator.
2. The noise reduced speech signal is recorded at the POI. This recorded signal constitutes the “Noise reduced speech” vector. Concurrently, the noisy speech signal is recorded with a reference measurement microphone positioned to capture the sound field at the primary microphone location of the terminal device.
NOISY SPEECH PREPARATION

1. The acquired noisy speech signal is filtered with the Hclean(f) filter previously derived, to form the “Prefiltered noisy speech” vector

PREPROCESSING

1. The three resulting vectors (Prefiltered clean speech, Prefiltered noisy speech and Noise reduced speech) are synchronized and downsampled to 8 kHz prior to the calculation of SNRi. The first 5s of each file is discarded to allow for convergence of the noise suppressor.

SNRi CALCULATION

1. The SNRi is calculated according to the methodology described in ITU-T G.160 Appendix II Amendment 1.
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METHOD 4:

The steps below form a method to compute the SNR improvement of a terminal in comparison to a known fixed transmission reference system (send IRS filter from table 1 – ITU-T P.48). 

The methodology makes use of the SNRi calculation steps which are explained in ITU-T G.160 Amendment 1 and not repeated here. 

CLEAN SPEECH PREPARATION

1. Real speech utterances shall be taken from the ITU-T P.501, Amendment 1 corpus, Section B.3.3. A clean speech signal is constructed from these utterances according to the guidelines established in ITU-T G.160 Amendment 1, section II.3. The clean speech signal is filtered with the send IRS filter from ITU-T P.48 – table 1 and then scaled to an active speech level of -26dBov (using ITU-T P.56 active speech level calculator). The resulting signal constitutes the “Prefiltered clean speech” vector.

PREPARATION FOR SPEECH PLAYBACK

1. The sound pressure level at the Mouth Reference Point (MRP) must be equalized within the requirements listed in 3GPP TS 26.132 version 9.2.0 Release 9, section 5.3.  
2. Real speech utterances shall be taken from the ITU-T P.501, Amendment 1 corpus, Section B.3.3. A clean speech signal is constructed from these utterances according to the guidelines established in ITU-T G.160 Amendment 1, section II.3. The clean speech signal is then played through the mouth simulator and adjusted to an active speech level of -4.7 dBPa at the MRP. No IRS filter is applied to the speech.

PREPARATION FOR NOISE PLAYBACK

1. A background noise generation system must be set-up, calibrated and equalized according to the guidelines established in ETSI EG 202 396-1. Noise files shall be played back to reproduce their realistic sound pressure levels. 

ACQUISITION OF NOISY SPEECH AND NOISE REDUCED SPEECH 

1. With the terminal in a call with the network simulator, and the noise suppression algorithm enabled, the background noise stimulus is played through the background noise generation system concurrently with the application of the speech signal at the mouth simulator.
2. The noise reduced speech signal is recorded at the POI. This recorded signal constitutes the “Noise reduced speech” vector. Concurrently, the noisy speech signal is recorded with a reference measurement microphone positioned to capture the sound field at the primary microphone location of the terminal device.

NOISY SPEECH PREPARATION

1. The acquired noisy speech signal is filtered with the send IRS filter from ITU-T P.48 – table 1 to form the “Prefiltered noisy speech” vector

PREPROCESSING

1. The three resulting vectors (Prefiltered clean speech, Prefiltered noisy speech and Noise reduced speech) are synchronized and downsampled to 8 kHz prior to the calculation of SNRi. The first 5s of each file is discarded to allow for convergence of the noise suppressor.
SNRi CALCULATION

1. The SNRi is calculated according to the methodology described in ITU-T G.160 Appendix II Amendment 1.
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METHOD 5:

The steps below form a method to compute the SNR improvement of a terminal in comparison to a known fixed transmission reference system and fixed reference location (send IRS filter from table 1 – ITU-T P.48 and MRP). 

The methodology makes use of the SNRi calculation steps, which are explained in ITU-T G.160 Amendment 1 and not repeated here. 

CLEAN SPEECH PREPARATION

1. Real speech utterances shall be taken from the ITU-T P.501, Amendment 1 corpus, Section B.3.3. A clean speech signal is constructed from these utterances according to the guidelines established in ITU-T G.160 Amendment 1, section II.3. The clean speech signal is filtered with the send IRS filter from ITU-T P.48 – table 1 and then scaled to an active speech level of -26dBov (using ITU-T P.56 active speech level calculator). The resulting signal constitutes the “Prefiltered clean speech” vector.

PREPARATION FOR SPEECH PLAYBACK

1. The sound pressure level at the Mouth Reference Point (MRP) must be equalized within the requirements listed in 3GPP TS 26.132 version 9.2.0 Release 9, section 5.3.  
2. Real speech utterances shall be taken from the ITU-T P.501, Amendment 1 corpus, Section B.3.3. A clean speech signal is constructed from these utterances according to the guidelines established in ITU-T G.160 Amendment 1, section II.3. The clean speech signal is then played through the mouth simulator and adjusted to an active speech level of -4.7 dBPa at the MRP. No IRS filter is applied to the speech.

PREPARATION FOR NOISE PLAYBACK

1. A background noise generation system must be set-up, calibrated and equalized according to the guidelines established in ETSI EG 202 396-1. Noise files shall be played back to reproduce their realistic sound pressure levels. 

ACQUISITION OF NOISY SPEECH AND NOISE REDUCED SPEECH 

1.  With the terminal in a call with the network simulator, and the noise suppression algorithm enabled, the background noise stimulus is played through the background noise generation system concurrently with the application of the speech signal at the mouth simulator.
2. The noise reduced speech signal is recorded at the POI. This recorded signal constitutes the “Noise reduced speech” vector. Concurrently, the noisy speech signal is recorded with a reference measurement microphone positioned to capture the sound field at the MRP.

NOISY SPEECH PREPARATION

1. The acquired noisy speech signal is filtered with the send IRS filter from ITU-T P.48 – table 1 to form the “Prefiltered noisy speech” vector

PREPROCESSING

1. The three resulting vectors (Prefiltered clean speech, Prefiltered noisy speech and Noise reduced speech) are synchronized and downsampled to 8 kHz prior to the calculation of SNRi. The first 5s of each file is discarded to allow for convergence of the noise suppressor.
SNRi CALCULATION

1. The SNRi is calculated according to the methodology described in ITU-T G.160 Appendix II Amendment 1.
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