O6paboTka cMrHanoB B cUCTEMax TeNeKOMMYHMKaLUn

A MULTIRESOLUTION SPECTRAL SUBTRACTION ALGORITHM FOR NOISE SUPPRESSION IN
AUDIO SIGNALS
Tkachenko M., Lukin A.

Moscow State University, Faculty of Computational Mathematics and Cybernetics,
Laboratory of Mathematical Methods of Image Processing

Noise is an undesirable signal appearing during transmission or measurement of another clean signal. There are
two categories of noise, by spectral properties: stationary (the one that does not change in time) and non-stationary.

Additive noise is summed with the clean signal y[f] and does not depend on it: x[f] = y[f] + noise[t], where ¢ is
time and x[7] is the observed signal. Constant hiss from a microphone or an amplifier, electric hum are the examples
of additive stationary noise.

In this paper, we propose a method for suppression of additive stationary noise using a multiresolution STFT
(short-time Fourier transform). This approach is able to improve quality of many audio processing algorithms (such
as noise reduction) by adaptively varying STFT time-frequency resolution based on local properties of the signal:
estimates of spectrogram sparsity.

The simple method of spectral subtraction (SS) is widely used for reduction of additive stationary noises. It
works with a fixed STFT window size. Long windows provide good frequency resolution and achieve accurate se-
paration of closely spaced noise and signal harmonics. However long windows sizes also lead to poor time resolu-
tion and increase smearing of transients (sharp attacks or fast changes in the signal). On the other hand, short-
window STFT processing is inefficient in terms of frequency resolution and possible depth of noise suppression.

A filter bank with a fixed window size cannot provide good frequency and time resolution simultaneously. It is
required to select best resolution for each local part of the signal during the processing. We propose using a multire-
solution STFT to solve this problem.

The algorithm of MR STFT consists of three parts:

1. Calculation of several copies of the signal processed with different STFT window sizes;

2. Estimation of smearing (or sparsity) for local spectrogram areas for each resolution;

3. Mixing of the resulting spectrograms based on spectrogram sparsity estimates.

The effect of this adaptive algorithm is selection of high frequency resolution for tonal signals and selection of
high time resolution for transients.

A noise reduction system based on MR STFT has been created. Several modifications of spectral subtraction
rules have been implemented, including a highly effective method of Non-Local Means for smoothing of a “musical
noise” artifact. During algorithm testing we have found optimal range of STFT sizes for the MT STFT frameworks,
sizes of spectrogram mixing areas and other key parameters.

We have compared the performance of a simple spectral subtraction (SS) with several STFT window sizes, SS
based on MR STFT (SS MR STFT), and SS with a Non-Local Means based on MR STFT. It has been shown that
SS MR STFT produces results significantly different with a simple SS: after processing with a simple SS noise
power decreased by 13.00 dB, while with SS MR FFT — by 16.10 dB. The application of a Non-Local Means
smoothing has removed musical noise and further improved overall processing quality.
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Ob OAHOM CINMOCOBE YACTOTHOIO AHAJITU3A NEPNOANYECKUX CUTHANOB

Komnokonos A.C.
WuctutyT npobiem ynpasnerus um. B.A. Tpanesauxoa PAH, Mocksa

B Hacrosimee Bpemst nndpoBOil CHEKTPaTbHBINA aHATN3 SBISIETCS BaXKHBIM MHCTPYMEHTOM B NPAKTHKE aHAIIN3a
TFapMOHHYECKUX, IEPUOTUIECKUX U KBa3HUIIEPHOANYECKUX CUTHAIOB. [IpMepaMu TakuX CUTHAJIOB SIBISIOTCS MY3BI-
KaJIbHbIE 3BYKH, BOKQJIM30BaHHbBIC ()parMEeHThI PEUH, a TAKXKE Pa3HOTr0 PoJia CUTHaJbI B 3a/la4aX aKyCTHYECKOW -
AarHOCTHKH.

HaxoxneHuto criekrpa curaina S(#) 1udpoBBIME METONAMH IPEAIIECTBYET €ro JIUCKPETH3ALHs ¢ YaCTOTON

fs, B pe3ymbTaTe 4Yero HENPEepHIBHBIA CHUTHAT MPEACTABISICTCS IIOCICHOBATENBHOCTBIO IUCKPETHBIX OTCYETOB
s(nAt), rae n— HOMep OTCuéTa, IPHHUMAOK 3HayeHust n=...—2,—1,0,1,2,... , At =1/ f;— unrepsan kBan-

TOBaHWs. B 3TOM cilyuae KOMIUIEKCHBIA CIIEKTP OTPE3Ka JIMCKPETHOrO CHrHama §(7), 3aJaHHOTO Ha HHTEpBale

n=N-1
n=0,1,...,N —1, onpenensiercs BRIpaXkeHHEM S(m)= Zs(n)w(n)e_zn”””AfA’ = a(m) + jb(m) ,
n=0
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