
 

462 | P a g e  

Speech Enhancement using Adaptive-Weiner Filtering 

Techniques 
1
Kiran H. Gidaganti, 

2
Karan M.More,  

3
Kowshik K,   

4
Lalith Kishor M, 

5
 Nayana D K 

1,2,3,4
Student,School of ECE, REVA University, Bengaluru, India 

5
Professor,School of ECE, REVA University, Bengaluru, India 

ABSTRACT  
The main importance of this paper is to enhance the speech signal in terms of quality and efficiency. The 

adaptive wiener filter is used in this process and two techniques Two- Step Noise Reduction (TSNR) and 

Harmonic Regeneration and Noise Reduction (HRNR) are implemented. These techniques help to reduce the 

amount of noise present in the noisy speech. The results are obtained in the form of SNR of the both input and 

output signals. 
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I. INTRODUCTION  
Speech has become the paramount of the communication system. The input speech signal is generally given 

through the microphone, recorder, etc. The distortion, attenuation and presence of noise in the transmission 

channel in the form of internal and external noise gets added to the input speech and gets degraded. The speech 

quality is inversely proportional to the distance between the listener and the microphone. The sampling 

frequency for the input speech signal is 11 kHz with 50% overlap. The basic principle is used in this algorithm 

is separation of the noisy speech into speech-plus noise component and a noise component. Enhancement is 

performed by removing the noise component and estimating the clean speech from the speech-plus-noise 

component.   

              In the case of Spectral Subtractive Algorithm, principle lies in assuming additive noise. By subtracting 

the estimate of noise spectrum from noisy speech spectrum the clean speech signal spectrum can be obtained. 

This algorithm consists of low complexity and further enhancement is required. The major drawback of this 

method is characteristic of the residual noise called musical noise. 

II. DESCRIPTION 

1. BLOCK DIAGRAM  

The block diagram gives the overview of the implementation of the techniques and its working process. The 

input speech signal along with the noise is given as the input. Using the windowing techniques, the signal is 

divided into small frames. Then the adaptive- wiener techniques are implemented on these small frames. The 

figure (1) represents the block diagram of the speech enhancement process. 
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Figure 1. Block diagram of speech enhancement process 

2. ADAPTIVE- WIENER FILTER 

Clean speech spectrum has the linear estimators and Adoptive wiener filter should consider as one of the linear 

estimator. The signal spectrum in Time domain of Adoptive wiener filter is enhanced by sophisticating by noisy 

speech signal along linear filter. Similarly the signal spectrum in frequency domain can enhanced by 

multiplying the adaptive wiener filter with input signal .They are optimal in the mean-square senseDesigning of 

the adoptive wiener filters need the spectral properties of noise and clean speech. 

Adaptive Wiener filter uses two approaches for enhancement of signal are 

i. Two-Step Noise Reduction (TSNR) 

ii. Harmonic Regeneration Noise Reduction (HRNR). 

2.1  TWO- STEP NOISE REDUCTION (TSNR) 

TSNR produces a greater SNR output than decision-direct approach by reducing the noise signal in the input 

speech signal. The drawback of the Decision-Direct approach is erased in TSNR approachand maintains the 

advantage of reducing the musical noise. It also helps to reduce the Reverberation effect caused by the DD 

approach.This technique follows two steps for calculating the prior SNR. The algorithm is divided into two 

steps, 

i. Firstly, decision- directed approach spectral gain is used. 

ii. A priori SNR for frame p+1 is determined. 

2.2 HARMONIC REGENERATION NOISE REDUCTION (HRNR) 

Harmonics is a signal frequency which is integral multiple of a reference signal. In wireless communication the 

signals with harmonic frequencies are transmitted.During the transmission of such signals, the signals gets 

distorted and leads to attenuation. At the receiver, when the previous techniques are implemented such as 

TSNR, the harmonics that are attenuated are considered to be noise. In order to surpass these harmonics, a new 

technique is implemented in order to regenerate those harmonics which is known as Harmonic Regeneration and 

Noise Reduction. 
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III. INDENTATIONS AND EQUATIONS  

The input noisy speech signal is given by y(t)=x(t)+h(t) where x(t), h(t) are the speech and noise signals 

respectively. The spectral components of the speech, noise and noisy speech signals are given X(p, wk), H(p,wk) 

and Y(p, wk) respectively. The noise reduction technique has an important parameter called spectral gain G(p, 

wk) to be determined for each short- time spectrum value of X(p, wk). The general Formula to calculate the 

posteriori and priori SNR of the adaptive- wiener filter is given by the set of equations (1)-(2). 

=   (1) 

 

=    (2)        

The parameter α is the balancing coefficient which reduces the noise and distortions present in the speech signal 

which ranges from [0,1]. 

The multiplicative gain G(p,wk) is obtained from the equation (3) given by 

G(p, )                                                             (3) 

IV. FIGURES AND TABLES  
The speech signal is recorded using the function wavrecord() in MATLAB and the Gaussian noise of 30dB is 

added to the speech signal. The noisy speech signal is given as the input in the MATLAB. The figure(2) is the 

speechsignal. The figure (3) represents the noisy speech signal. The noise is added to the input speech signal. 

 

Figure 2. Input Speech Signal 

 

Figure 3. Noisy Speech signal with 30dB Gaussian noise 
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The spectrogram of the noisy speech signal is given in the figure (4). The spectrogram of the outputs of TSNR 

and HRNR using adaptive- wiener filter are given in the figure (5) and figure (6). The variation in the noise 

reduction is seen in the outputs of TSNR and HRNR. 

 

Figure 4. Spectrogram of noisy speech signal 

 

Figure 5. Spectrogram of output TSNR signal 

 

Figure 6. Spectrogram of output HRNR signal 

 

V.CONCLUSION  
In this paper, the adaptive-wiener filtering techniques such as TSNR and HRNR are implemented for the noise 

reduction in the speech signal. The Two- Step Noise Reduction helps us to eliminate the Reverberation effect in 
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the speech signal. The Harmonic Regeneration helps to regenerate the missing harmonics from the TSNR with 

better SNR value. The HRNR yields the better SNR compared to the TSNR and decision- direct approach.  
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