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Proposal of a Reference-free SNR Measurement

This contribution delivers the annex text of a reference-free SNR measurement approach as requested by FG CarCOM, along with proposed references to it in the main body of FG.VSSR.
Our work on a reference-free SNR measurement approach was initiated by the group at the FG CarCOM meeting held in Holland, MI, USA, on August 29-30, 2012. An approach developed for wideband signals only was introduced at the FG CarCOM meeting in Braunschweig, Germany, on Dec. 8-9, 2011, and afterwards published on the DAGA 2012 conference [1]. Then, the approach was enhanced to work consistently with narrowband signals, too, as reported at the last meeting in Detroit, MI, USA, on July 16-17, 2012. Since then, the enhanced approach has been published on the ITG Conference on Speech Communication in Braunschweig, Germany, on September 26-28, 2012 [2]. This paper, which was presented also at the last meeting meeting in Detroit, MI, USA, on July 16-17, 2012, is now accessible online for interested readers over IEEE Xplore.
According to the decisions taken by the group at the last meeting, we prepared a full description of the proposed method as an annex. The proposed annex text to be included into the Draft of FG.VSSR can be found below as an attachment.

References:
[1]	Fodor, B.; Fingscheidt, T. “Reference-free SNR Measurement for Stationary Noises”, in Proc. of DAGA, Darmstadt, Germany, Mar 2012.
[2]	Fodor, B.; Fingscheidt, T., “Reference-free SNR Measurement for Narrowband and Wideband Speech Signals in Car Noise”, in Proc. of ITG Conference on Speech Communication, Braunschweig, Germany, Sep 2012.

Further, we propose to refer to this new annex in the Draft Recommendation text as follows:
· On page 25 of the Draft Recommendation the literature reference should be cited:
“…
8.2.1.1.4.1	Parameter description
The SNR measurement is based on individual broadband estimations of the speech signal power and the noise signal power and is performed using the reference-free measurement method described in [xx28].
NOTE 1 – It is recognized that fan noise, which varies from car to car and depends upon the relative positioning of the microphone and fan, may contribute significantly to the noise perceived by the far end user. In order to determine the impact of the level and spectral content of this noise under different operating conditions, a noise test as described below may be used.
The microphone signal to noise ration SNRM is measured at the test point (S1a) or the test point (S2). Test point (S2) should only be used if test point (S1a) is not accessible. 

8.2.1.1.4.2	Test
1)	The test arrangement is according to clause 8.1.
2)	The speech test signal used is the British-English single talk sequence described in clause 7.3.2 of  ITU-T Recommendation P.501 [xx]. To account for the Lombard effect, the test signal level is adjusted to the level as specified in clause 8.1, the test signal level is measured as "active speech level" according to [13].
3)	For the measurement speech and background noise are recorded simultaneously while driving.
4)	A reference measurement is conducted at 20 cm in front of the MRP. The reference microphone output signal is filtered by a highpass filter with 100 Hz and 24 dB/oct.
5)	The actual measurement is conducted with the hands-free microphone. 
6)	The SNR is calculated according to [xx]Annex X for both microphones. The measurement approach allows for an SNR range between -10dB and 30dB.
7)	The SNR difference between the hands-free microphone and the reference microphone is determined:
	
	SNRD = SNRM - SNRRef

Note: If different microphones or different positions are to be compared the measurements shall be conducted simultaneously.
…”
 



· On page 2 of the Draft Recommendation a new reference [28] should be added:
“…
2)	References
…
[28]	Fodor, B.; Fingscheidt, T., “Reference-free SNR Measurement for Narrowband and Wideband Speech Signals in Car Noise”, in Proc. of ITG Conference on Speech Communication, Braunschweig, Germany, Sep 2012.
…
”




Annex X attachment for inclusion into the Draft Recommendation:
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Annex X

Reference-free SNR Measurement



1. Introduction

This annex describes an approach to measure the SNR of a speech signal distorted by car noise as close as possible to the reference SNR from ITU-T Recommendation P.56 [2], but without using any reference signals based on [1]. This “reference-free” nature allows for a wide flexibility; the proposed method just has to be applied to the noisy speech signal. Moreover, it offers low complexity, and can be applied both to narrowband and wideband signals.

To measure the SNR of the noisy speech signal in this approach, first the speech and noise power have to be estimated. Because of the additive nature of the noise, the speech power is approximated by the difference between the noisy speech power and the noise power. The noise power is estimated by a noise variance tracking algorithm. To estimate the P.56 active speech level only speech active frames are taken for the speech power estimation. Therefore, a voice activity detection (VAD) is needed. The power of the noise component is estimated by means of the noise tracking algorithm and—in order to ensure a robust estimation—a speech pause detection (SPD). Then, the measured SNR is the ratio of the speech and noise power estimates. Since the effectiveness of the employed algorithms (such as noise variance tracking, VAD, and SPD) decreases at low reference SNR values, the raw SNR measurement leads to systematical measurement errors in this region. Therefore, the resulting raw SNR values will be corrected by a mapping curve.

2. Signal-to-Noise Ratio Measurement

[bookmark: _Ref339452080][bookmark: _Ref339452116]The input signal  of the measurement system is assumed to consist of the clean speech signal  and an additive noise signal , with n being the discrete time index. After segmentation, windowing, and the discrete Fourier transform (DFT), the input signal can be rewritten as  with , , , as well as , and  being the short-time spectra of the noisy speech, the clean speech, the noise component, as well as the analysis frame index, and the frequency bin index, respectively. We define the signal-to-noise ratio (SNR) as	
		(1)

with , ,  being the logarithm to the base 10, the speech and the noise power, respectively.

Since  and  are not accessible in practice, they have to be estimated. Exploiting the additive nature of the noise, the numerator is estimated with contributions , where  and  are the power spectral density (PSD) of the noisy speech signal and the estimated noise variance (see Section 3), respectively. The maximum operator ensures a non-negative speech power estimate. Conforming to the definition of the active speech level [2], for the estimation of  in (1) only speech active frames are taken as

		(2)

with , , and  being the set of active speech frames detected by a VAD as a part of the noise tracking algorithm (see Section 3), the number of elements in , and the number of all frequency bins, respectively.

The precise estimation of the noise power  is essential for the SNR estimation. However, the accuracy of the noise variance tracking algorithm is affected especially at low SNRs. In order to increase the robustness of the approach, for the estimation of  in (1), the estimated noise variance  is averaged over all frequency bins  and those frames  belonging to speech pause	
	
		(3)

with  and  being the set of speech pause frames detected by a separate conservative SPD described in Section 4, and the number of elements in , respectively.

3. Noise Variance Tracking and Voice Activity Detection

The estimation of the noise variance  in (2) is performed utilizing a 3–state classifier specific to this estimator. Based on the smoothed periodogram of the noisy speech signal

		(4)

and a dynamic threshold , one hypothesis  out of three is chosen:

:	Speech presence is assumed if 

:	Speech absence is assumed if .

:	Speech transition is assumed if .

The noise variance estimate  is updated as

			(5)

where the initial value is  and the time-varying smoothing factor  depends on the hypothesis of the current frame :

			(6)

The update of the dynamic threshold  is performed as follows

			(7)

where the multiplication by the step-size constant =1.07 for narrowband signals (=1.2 for wideband signals) slowly but steadily decreases the probability of selecting the speech presence hypothesis. The unsmoothed update to the last periodogram value  allows for rapid threshold adaptation in speech pauses. The control parameter is initialized as .

The frame-wise VAD is based on the hypotheses of the noise variance tracking algorithm as introduced above. Therefore, it was integrated into the noise variance tracking algorithm. Frame  is detected as voice active and becomes element of set , if at least 90 % of its frequency bins from the range [500 Hz 2500 Hz] containing relevant speech information are classified as speech active  or transient  by the 3–state classifier.

4. Speech Pause Detection

This section describes the algorithm which is employed to detect frames with speech pause . Please note that different to the VAD, this is a separate algorithm which is independent from the noise power tracking. The SPD is based on the frame energy of the noisy speech spectrum calculated by means of (4) as follows

		(8)

with  and  being the set of frequency bins between 500 Hz and 2500 Hz and the number of elements in this set, respectively. This frequency range excludes low frequencies where most of the car noise power is concentrated. Based on an adaptive threshold, the SPD delivers a hypothesis  based on the following 3 states:

:	Speech presence is assumed if 

:	Speech transition state follows every  decision with a duration of  frames, unless threshold  has been exceeded again.

:	Speech pause is assumed in all other situations.

Frame  is considered as speech absent and becomes element of , if . The adaptive threshold  is calculated as

		,	(9)

with the additive term . The SPD floor signal  is updated recursively as follows (cf. (5))

		,	(10)

where the initial value is  and the time-varying smoothing factor  is defined as follows (cf. (6))

			(11)

with  ensuring a more conservative floor signal update in speech pauses than just conditioning on .

The SPD control parameter  is increased slightly in speech presence and updated strongly during speech absence as (cf. (7))

		(12)

with the control update constant . The control parameter is initialized as .

The SPD parameters which differ for the narrowband and the wideband implementation are summarized in Tab 1.
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[bookmark: _Ref339458886]Tab 1 Parameters of the SPD

5. Measurement Setup

At a sampling frequency of 8 kHz (16 kHz), the noisy speech signal   has to be segmented by a Hann window, an analysis frame length of 256 (512) samples, and an analysis frame shift of 50% (50%) to obtain . The raw SNR value can be calculated as follows

		(13)

using (2), the noise variance tracker, and the VAD as described in Section 3, as well as (3), the noise variance tracker from Section 2, and the SPD as introduced in Section 4. This raw SNR value has to be corrected by the following mapping function in order to obtain an unbiased SNR measurement

	,	(14)

with the scaling parameters  and , as well as the polynomial coefficients  as shown in Tab 2.

		

		

		

		



		

		

		

		

		

		

		

		

		

		

		

		

		

		



		8 kHz

		16.043

		11.252

		-2.1312

		6.4129

		2.0957

		-19.199

		5.0992

		19.709

		-7.7268

		-6.6348

		2.0857

		13.066

		11.555



		16 kHz

		15.461

		11.798

		-0.8082

		2.8537

		-0.3609

		-7.5337

		4.3304

		7.2828

		-5.0623

		-1.8734

		0.8842

		13.06

		11.48





[bookmark: _Ref340061504]Tab 2 Scaling parameters  and  as well as the polynomial coefficients  of the mapping function

The approach is summarized by means of a pseudocode in Tab 3.

		... % parameter initialization for signal segmentation, FFT, VAD, SPD, etc.

for l=1:L, % main loop over all frames

	... % signal analysis: segmentation, windowing, FFT, absolute square

	(4), (7), (6), (5) % 3-state noise variance tracking, VAD

	(4), (8), (9), (12), (11), (10) % SPD

end

(2)  % speech power estimation

(3)  % noise power estimation

(13) % raw SNR

(14) % corrected SNR





[bookmark: _Ref340058875]Tab 3 Overview of the approach by means of pseudocode
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