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Abstract— In many speech application sytem, presence of 

background interference degrades the intelligibility or 

quality. Speech enhancement is used for preprocessing of 

speech for computer speech recognition system. This paper 

presents speech enhancement methods like spectral 

subtraction, kalman filter and weiner filter a model based 

algorithm to improve the quality of the speech. This paper 

dicscusses the various methods used for improving the 

quality of speech. Reduction of noise or enhancing speech is 

an attempt to improve communication system when its input 

or output signal gets corrupted. 
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I. INTRODUCTION 

Speech is the most convenient and easiest way of interacting 

expressing the feelings and thought of human being. But the 

noise present degrades the quality or intelligibility. Noisy 

environment also reduces listner’s ability to understand what 

is said. The speech consists of different noise like 

background noise, computing noise. For transmitting this 

noise some transmission noise also gets added to it. Hence 

speech enhancement techniques are used for improving the 

overall quality of the signal. Research on speech 

enhancement started for more than 40 years ago at Bell 

Laboratories by Schroeder as mentioned in [1] .A Human 

ear can hear the sounds that are between 20Hz and 

20KHz[2].The aim of speech enhancement is to remove 

noise from noisy speech signal. In this paper, we discuss 

about spectral subtraction method which is frequency 

domain method[2]  with kalman filter and weiner filter 

.Section II  explains about different speech enhancement 

techniques. Section III gives the performance of discussed 

techniques. Section IV presents conclusion and further 

work. 

II. SPEECH ENHANCEMENT TECHNIQUES 

A. Spectral Subtraction Method 

Historically it is one of the first algorithm proposed for 

noise reduction. It is a very simple method and easy to 

implement[3]. This algorithm uses hamming window for 

windowing then FFT is applied. FFT of noisy signal is 

applied to noise estimation block. It estimates the noise 

during speech pauses and finds the noise spectrum. This 

method was modified to suppress musical noise effect [1]. 

Spectral subtraction is a simple and effective method of 

noise reduction. In this method, an average signal spectrum 

and average noise spectrum are estimated in parts and 

subtracted from each other,  as shown in fig1.thus average 

signal-to-noise ratio(SNR) is improved. 

 
Fig. 1: Spectral subtraction Speech enhancement method 

 Let n(s) be the additive  uncorrelated additive noise 

signal, x(s) is the desired clean signal. The noisy speech 

signal y(s) is given by, 

Y(s) = x(s) + n(s) -----(1) 

In frequency domain it is donated as: 

Y(iw) = x(jw) + n(jw) ------(2) 

Here Y(jw),x(jw)and n(jw) are Fourier transform of y(s),x(s) 

and n(s) respectively. 

 Initially, the spectral subtraction approach was used 

to estimate the short term magnitude spectrum of  clean 

signal |X k | .This is done by subtracting the estimated  noise 

magnitude spectrum IN k I noise from the noisy signal 

magnitude spectrum IY k I spectrum. The noisy phase 

spectrum is used as an estimate of an clean speech phase 

spectrum as follows, 

 X k =(I|Y k |– | Nk |)e jψ(y,k)  where ψ(y,k) is the 

phase of noisy signal Y k. The estimated clean speech time 

domain signal is obtained by taking inverse Fourier 

transform of X k .This method has some disadvantages 

hence another approach is used in which clean signal x(s) is 

obtained from the noisy signal y(s),by assuming that there is 

an estimate of the power spectrum of noise |Nk|2.And it is 

obtained by taking average on multiple frames of known 

segment that is given by, 

|X k | 2 = |Z k |2 – |w k| 2 , |Z k |2 –|w k |2 ≥ 0 (3) 

0 ,      otherwise 

 To recover the signal the magnitude spectrum 

estimate is combined with the phase of noisy signal as per 

equation 4 and clean speech signal is obtained by taking 

inverse Fourier transform 

B. Weiner filter 

Weiner filter provides an estimated speech signal with less 

musical noise in comparison to spectral subtraction 

method[11].It is one of the frequency domain method for 

speech enhancement. Weiner filter minimizes the mean 

square error (MSE) between the estimated random process 
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and the desired signal. Weiner filter in frequency domain is 

given by H(w) =
|Ŝ(w)|2

|Ŝ(w)|2+N(w)|2
-------(1) 

 Where H is the weiner filter and S & N are Noise 

corrupted speech and noise spectra respectively. Weiner 

filter assumes that noise and signal to be stationary. To 

accommodate for  non-stationary signal the signal can be 

broken into frames assuming it to be stationary[8]. Weiner 

filter  gives fixed frequency response at all frequencies and 

requires estimation of power spectral density of the clean 

signal and noise prior to  filtering[7]. 

C. Kalman filter 

Kalman filter is the generalization to weiner  filtering 

techniques. Kalman filter performs better compared to 

Weiner filter, such that it accommodates the non- stationary 

signals. Kalman filtering is one of the time-domain speech-

enhancement techniques. Kalman filtering algorithm can be 

categorized as 

1) Conventional (Matrix) Kalman Filtering algorithm. 

2) An improved filtering algorithm. 

3) Modified fast adaptive Kalman filtering algorithm. In 

this the conventional method involves lot of matrix 

operations and hence complex. An improved filtering 

algorithm reduces some matrix operation and hence 

complexity is also reduced. And Modified filtering 

algorithm reduces the matrix operations. This algorithm 

works better with stationary background noises. It is 

shown that the SNR values obtained for fast adaptive 

filter is better than other two methods[6]. 

 Iterative kalman filtering scheme for speech 

enhancement distorted by AWGN and coloured noises 

shows that the proposed mehod shows better results[2]. 

Kalman filter has many applications, it is widely used in 

various applications like process control, radio and other 

communication signal processing, GPS tracking of satellite 

etc[8].They are very fast making them well suited for real 

time problems and embedded systems. 

III. RESULT ANALYSIS 

Intelligibility comparison between different algorithm was 

done with statistical analysis[10].It was performed to show 

the difference in performance of different algorithms. 

Weiner filter algorithm shows better results. NOIZEUS 

speech corpus contained noisy speech signals. These are 

directly used to test the performance of Kalman filter 

algorithm. Similar experiments are conducted with other 

mentioned algorithms like spectral subtraction method, 

Weiner filter are used for comparison[9].Performance 

comparison of speech enhancement techniques is evaluated 

with performance parameters like (PSNR) Peak signal to 

noise ratio and (MSE)Mean square error. Kalman filter is 

one of the efficient method for noise suppression. 

IV. CONCLUSIONS 

In this paper, we have reviewed various speech 

enhancement techniques, Spectral subtraction method, 

Weiner filter method and Kalman filter. All these methods 

are discussed in this paper. Speech signal is degraded due to 

the presence of noise. We have discussed spectral 

subtraction method, Weiner filter and various kalman filter 

methods. All these methods have their own advantages and 

disadvantages. Kalman filter shows better result in terms of 

Peak signal to noise ratio and Mean square error. Kalman 

filter is one of the efficient form of speech enhancement 

technique. Further work is to develop an optimal method to 

apply the method for different application to utilize it to  

improve the quality of the signal. 
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