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Introduction
In an early stage of the current project, a number of automatic noise estimation algorithms were
evaluated. These methods estimate the noise spectrum in a sound file that contains speech and noise.
For the current pilot test, sound files where speech and noise were mixed with known signal-to-noise
ratios (SNRs) were used. Noise power was automatically estimated (using the methods described
below), an estimate of the speech power was calculated by subtracting the estimated noise power from
the power of the noisy speech signal and the SNR was estimated using Equation 3 in the main article.
The calculated SNRs were compared to the known, nominal SNRs. The manual noise estimation
method, which was actually used in the study, was evaluated in a similar way.

Contents
1 Automatic noise estimation procedures

2

2 Manual noise estimation procedure

2

References

3

1

Smeds, Wolters & Rung

1

Realistic SNRs, Supplement: Automatic noise estimation

Automatic noise estimation procedures

Seven of the evaluated noise estimation algorithms are described in a textbook by Loizou (2007),
and the Matlab code on the CD accompanying the textbook was used (Doblinger 1995; Hirsch and
Ehrlicher 1995; Martin 2001; Cohen 2002, 2003; Sorensen and Andersen 2005; Rangachari and Loizou
2006). Further, one algorithm of Hendriks et al. (2010) was evaluated. An implementation of this
method, by Hendriks et al., can be found on Matlabs file exchange website (http://www.mathworks.
se/matlabcentral/fileexchange/27312-mmse-based-noise-psd-tracking-algorithm).

Test material
Female and male speech (Swedish HINT sentences) was mixed with five types of noise:
• Artificial babble noise created by superimposing (with variable starting points) the International
Speech Test Signal (ISTS) (Holube et al. 2010) with 1, 2, 4 or 8 talkers.
• Car noise
• Stationary speech-shaped HINT noise
• Party noise
• Street noise
Speech and noise were mixed to eight SNRs (-12, -6, -3, 0, 3, 6, 12, 24 dB). SNRs were mixed using
both C-weighted and un-weighted speech and noise levels.

Results
The algorithm of Hendriks et al. (2010) performed best. Using a fairly generous success criterion, that
the calculated SNR (based on the estimated noise power) should be within 3 dB of the nominal SNR,
this algorithm did well for the stationary noises, in particular the Car and the stationary speech-shaped
noise, for all but the highest SNR (24 dB). For the party noise the algorithm did well for all but the
highest and lowest SNRs. However, for the babble noise the algorithm did not do well. Only for a
couple of SNRs did the algorithm produce acceptable results, irrespective of the number of talkers
included in the babble. The other algorithms produced acceptable results only for a couple of SNRs
and a couple of background noises without any particular pattern (noise type and SNR).
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Manual noise estimation procedure

Based on this pilot study, it was decided that a manual SNR estimation method should be used. This
method was evaluated in a similar way as the other algorithms, but with a reduced number of noise
types and SNRs.

Test material
Female and male speech (Swedish HINT sentences) was mixed with five types of noise:
• Artificial babble noise created by superimposing (with variable starting points) the International
Speech Test Signal (ISTS) (Holube et al. 2010) with 4 or 8 talkers.
• Car noise
• Stationary speech-shaped HINT noise
• Party noise
Speech and noise were mixed to four SNRs (-3, 0, 3, 6 dB) except for the Car noise which also included
SNRs at -12 and -6 dB. SNRs were mixed using un-weighted speech and noise levels.
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Results
For all noise types and SNRs, the estimation error was within 1.5 dB. For the Car noise, the stationary
speech-shaped noise and the two Babble noises, the estimation error was within 1 dB. Generally, the
SNR tended to be overestimated by the procedure, but with less than 0.5 dB for SNRs above 0 dB
except for the party noise, where the SNR was overestimated by 1 dB when the actual SNR was 0 dB,
gradually decreasing to 0.5 dB when the actual SNR was 6 dB.
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