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1. Introduction

A reference system has been proposed in TD S4-110884 to replace MNRU in P.835 testing. Orange tried this proposal and the present contribution presents the problems that occur with French language and proposes the changes that correct the problems encountered with the proposal.

Moreover proposals are made on pre-filtering of the files.

2. Discussion

a. Pre-filtering

Orange ran some tests to evaluate the subjective quality of noise suppressors, many UEs were considered. In wideband testing, it is usually proposed to use the P.341 of the G.191 (ITU-T software tool library), this filter is theoretical and does not represent the reality of the UEs. Figure 1 shows that UEs are typically able to provide output signals with some energy extending above 7000 Hz. 
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Figure 1- Spectral content of wideband recordings for P.835 test.

For that reason, we propose not to use P.341 filtering as given in ITU-T G.191 but to use a filter with the following bandwidth [50 Hz – 7800Hz]. 

The filter coefficients may be provided if the proposal is agreed upon. We disagree with the use of LP7 filter for wideband testing for the following two reasons:

· It does not include the DC removal.

· The cut-off at 7 kHz is too low compared to the frequency response of existing terminals.

b. Reference system

In TD S4-110884, a reference system has been proposed for P.835 narrow band testing. This reference system has also been presented to ITU-T Q7/12 in TD AH-11-029. The goal of proposing a new reference system was to reproduce somehow the degradations of a noise suppressor and to better separate the degradations due to noise and the degradations on the speech.

	MNRU reference system

	File
	Signal.
	Noise / SNR

	C01
	Source (original)
	No Noise

	C02
	MNRU 36dB
	No Noise

	C03
	MNRU 24dB
	No Noise

	C04
	MNRU 12dB
	No Noise

	C05
	MNRU 0dB
	No Noise

	C06
	Source (original)
	36dB

	C07
	Source (original)
	24dB

	C08
	Source (original)
	12dB

	C09
	Source (original)
	0dB

	C10
	MNRU 24dB
	24dB

	C11
	MNRU 12dB
	12dB

	C12
	MNRU 0dB
	0dB

	Proposed reference system

	File
	Signal
	Noise / SNR

	B01
	Source (original)
	No Noise

	B02
	NS Level 4
	No Noise

	B03
	NS Level 3
	No Noise

	B04
	NS Level 2
	No Noise

	B05
	NS Level 1
	No Noise

	B06
	Source (original)
	36dB

	B07
	Source (original)
	24dB

	B08
	Source (original)
	12dB

	B09
	Source (original)
	0dB

	B10
	NS Level 3
	24dB

	B11
	NS Level 2
	12dB

	B12
	NS Level 1
	0dB


Within the 12 reference conditions, the ones using MNRU were replaced by other reference conditions where a Wiener filter is introduced with different level of noise suppression.

Following the guidelines given in TD S4-AHQ029, the new reference system was tried on wideband files in French language. Many problems occurred.

In Figure 1 below, the condition B05 is on the first track (a) and the source is on the second track (b). Note that all signals have been normalized to -26 dBov.
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Figure 2- Clean speech and condition 5 with proposed reference system

To have a better view of the problem, the two following figures are a focus on two different sentences where it is clear that the speech disappears completely. 
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Figure 3- Clean speech and condition 5 with proposed reference system (item 3)
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Figure 4- Clean speech and condition 5 with proposed reference system (item 8)

Including such samples in a P.835 test is not possible since there is no more intelligibility.  Moreover on Figure 3, clipping occurs when the signal is normalized to -26dBov. As a result it is impossible to include such a sample in a listening test since almost all the sentence cannot be understood.

The proposed reference system has been modified to avoid intelligibility problems.  The original set of parameters provided in S4-110989 and S4-111115 and detailed in specsubm_mod.m is the following:

	NS Level
	tg
	ta
	tw
	tm
	to
	fo
	km
	ks
	kn
	kf
	ko
	SNR 

	4
	0.04
	0.1
	0.032
	1.6
	0.64
	400
	4
	4
	1.5
	0.02
	4
	12.0

	3
	0.04
	0.2
	0.032
	1.2
	0.64
	400
	4
	4
	1.5
	0.01
	4
	9.0

	2
	0.04
	0.8
	0.032
	0.8
	0.32
	400
	4
	4
	1.5
	0.01
	4
	6.0

	1
	0.08
	1.6
	0.032
	0.4
	0.16
	800
	4
	4
	2.0
	0.02
	4
	3.0


where:

Algorithm parameters: t* in seconds, f* in Hz, k* dimensionless

1: tg = smoothing time constant for signal power estimate (0.04): high=reverberant, low=musical

2: ta = smoothing time constant for signal power estimate used in noise estimation (0.1)

3: tw = fft window length (will be rounded up to 2^nw samples)

4: tm = length of minimum filter (1.5): high=slow response to noise increase, low=distortion

5: to = time constant for oversubtraction factor (0.08)

6: fo = oversubtraction corner frequency (800): high=distortion, low=musical

7: km = number of minimisation buffers to use (4): high=waste memory, low=noise modulation

8: ks = oversampling constant (4)

9: kn = noise estimate compensation (1.5)

10: kf = subtraction floor (0.02): high=noisy, low=musical 0.01 < sub floor < 0.05

11: ko = oversubtraction scale factor (4): high=distortion, low=musical

The modifications are as follows: to avoid too high distortion of speech, the parameters called “ta” and “tm” have been modified leading to the following set of parameters:

	NS Level
	tg
	ta
	tw
	tm
	to
	fo
	km
	ks
	kn
	kf
	ko
	SNR 

	4
	0.04
	0.1
	0.032
	3.0
	0.64
	400
	4
	4
	1.5
	0.02
	4
	12.0

	3
	0.04
	0.3
	0.032
	3.0
	0.64
	400
	4
	4
	1.5
	0.01
	4
	9.0

	2
	0.04
	0.6
	0.032
	3.0
	0.32
	400
	4
	4
	1.5
	0.01
	4
	6.0

	1
	0.08
	0.9
	0.032
	3.0
	0.16
	800
	4
	4
	2.0
	0.02
	4
	3.0


The parameter “ta” needs to be kept not too high in order to avoid non realistic spectrum distortion. And more importantly, the parameter “tm” has to be increased. This last parameter controls the length of the minimum tracking window proposed by R. Martin [1,2], if too small value is chosen, speech will be considered as noise and will be removed from the noisy spectrum leading to the pointed intelligibility issue.

In Figure 4 below, the condition B05 is on the first track (a), the source is on the second track (b) and the modified condition B05 is on the third track (c).
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Figure 5- Clean speech and condition 5 with proposed reference system and modified reference system

The intelligibility problem is solved, a focus on item 3 and 8 are in the following figures.
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Figure 6- Clean speech and condition 5 with proposed reference system and modified reference system (item 3)
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Figure 7- Clean speech and condition 5 with proposed reference system and modified reference system  (item 8)

3. Conclusion

In order to cope with the problem occurring on French language, Orange proposes to modify the creation of reference system by using the following modifications, as it works better for French and also English languages:

NS Level 4: [0.04   0.1 0.032   3.0 0.64    400 4   4   1.5 0.02    4]

NS Level 3: [0.04   0.3 0.032   3.0 0.64    400 4   4   1.5 0.01    4]

NS Level 2: [0.04   0.6 0.032   3.0 0.32    400 4   4   1.5 0.01    4]

NS Level 1: [0.08   0.9 0.032   3.0 0.16    800 4   4   2.0 0.01    4]

Moreover Orange proposes a pre processing of the sentences using a filter with the following bandwidth  [50 Hz – 7800Hz] and not the P341 filtering as given in G.191.
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