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Abstract: Speech enhancement has become inevitable in recent communication systems. While transmitting a signal in 

a multichannel the quality of the signal may be degraded due to many factors like white Gaussian noise, acoustic 

additive noise, and acoustic reverberation. The speech signal should be enhanced and the noise should be filtered..In 

this paper we discuss various techniques that are used for enhancement of speech signal. We discuss main four 

techniques that are optimal STSA, novel dual microphone technique, suboptimal generalized side lobe canceller and 

spectro-temporal filtering. 
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INTRODUCTION 

The objective speech enhancement is to improve the 

quality or the intelligibility of the degraded speech signal 

by using various algorithms. In long distance transmission 

or in a noisy environment the speech quality will be 

degraded. In the field of communication speech 

enhancement techniques are used to reduce the noise, so 
that it will be helpful in many applications such as in 

hearing aids, speech recognition, teleconferencing systems 

and in mobile phones.  

The algorithm used for  noise reduction in  speech signal 

can be classified into different classes: 

 Spectral restoration 

 Filtering techniques 

 Model-based methods 

Widely used method is spectra l subtraction. In this 

method we estimate the noise spectrum, which can be 

calculated from the region of no speech. Generally  noise 
is added to a greater extend when there is no speech. 

Considering the noise spectrum to be uniform, it is 

subtracted from the noisy signal thus giving a clean signal. 

Speech enhancement is closely related to speech 

restoration. When speech is degraded, its restoration to the 

original speech signal often leads to speech enhancement. 

But there is a difference between speech restoration and 

speech enhancement. When a speech signal is degraded,  

 

 

 

restoration involves bringing the processed signal as close 

as possible to the original signal. Whereas the idea of 

speech enhancement is to give processed signal better then 

the original signal. originally un-degraded signal cannot be 

further restored, but can be enhanced. 

 Speech enhancement is desirable in wide variety of 
contexts. For example, environment in which interfering 

background noise has been introduced in offices, street 

and motor vehicles, for example/are common, and the 

interfering noise generally degraded the intelligibility and 

the quality of the speech signal.  

Other application of speech enhancement include 

correcting form reverberation, correcting for distortion of 

the speech of deep/sea divers breathing a helium/oxygen 

mixture, correcting for the distortion of speech due to 

physical difficulties of speaker, Another very important 

application of speech enhancement is the connection 
between speech enhancement and speech band width 

compression  systems, because of increasing role of digital 

communication channels coupled with the need for 

decoding of speech and increased emphasis on integrated 

voice/data networks, speech bandwidth compression 

system are expected to play an important role in speech 

communication system. 

 

A.Optimal  short  time  spectral  amplitude  estimator:

In optimal short time spectral amplitude estimator(STSA), 

it assume that the phase of  speech and the noise is equal. 
The optimal spectral amplitude estimation is projected on 

to a 1-D subspace of complex plane, this simplifies the 

problem . Based on the criteria of ML, MMSE  or MAP  

for speech and noise spectral magnitudes , separate 

families of novel estimators are derived assuming the 

generalized gamma distribution (GGD). By using GGD 

particular solution can be obtained by substituting 

statistical shape parameters of the speech and noise 

signal.Some special cases of GGD method results in 

wiener filter (WF) and magnitude spectral subtracter .  

Quantitative analysis of selected subset of the STSA 

estimator shows better improvement compared to 

traditional log spectral MMSE estimator . This method can 
be applied to signal, sound and  images. 

 

B. Novel dual –microphone technique  

The novel dual microphone technique is used to enhance 

the speech signal in reverberating environment. In this 

algorithm coherence between the input signal is estimated 

considering the direct, reverberant signal and noise 

components received at the sensors. This algorithm is 

capable of dealing with coherence and diffuse noise. Once 

the coherence is estimated, the signal to noise ratio(SNR) 

can be predicted by solving the quadratic equation 
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obtained from the real and the imaginary part of the 

function. Evaluating in room with reverberation time 𝑇60  

=465ms, show improvement in SNR and quality of 

processed signal compared to coherence based noise 

reduction algorithm. The advantage of this algorithm is, it 
is simple in computation and can be implemented in real 

time. When combined with effective noise reduction in 

realistic situation, this can be used in hearing aids and 

communication devices. 

 

C. Suboptimal generalized sidelobe canceller 

In  suboptimal method of generalized sidelobe canceller, 

sensor array is located in an enclosure. This array is used 

to reduce the interference that affects the signal. 

Constrained minimum power adaptive beamforming 

method is widely used for signal enhancement. Even 

though good interference suppression can be achieved, in 
complicated acoustic environment the arbitrary transfer 

function (TF) is a major problem.  The generalized 

sidelobe canceller that adapts to arbitrary  

Transfer function.suboptimal algorithm estimate transfer 

function ratio instead of calculating the transfer function. 

These TF ratio are calculated based on the nonstationary 

characteristics of input signal. The use of TF ratio 

improves efficiency and robustness of algorithm. This 

algorithm can be implemented in both frequency and time 

domain. Although implementation in time domain is 

complex comparatively  
 

D. spectro-temporal filtering algorithm: 

In spectro temporal filtering algorithm we consider the 

spectral and temporal correlation between adjacent frames 

in an speech signal. In multiplicative transfer function 

approach we need to know the transfer function of the 

source and the receiver in advance so that the noise in the 

speech signal can be reduced. Practically this is not 

possible as the transfer function of the receiver cannot be 

known in advance. This makes it difficult to eliminate the 

noise completely in the signal. This is the disadvantage of 

the multiplicative TF approach.  
 

To overcome this disadvantage we use spectro-temporal 

filtering method. In this method we calculate the speech 

and noise power spectral densities (PSD), extended 

parameterized non-causal wiener filtering is applied to the 

speech and noise PSDs. From the resulting value speech 

and noise are estimated along with speech presence 

probabilities. This formulation can be applied to the input 

microphone array so that the noise will be reduced and the 

speech will be enhanced.  

 
The advantage of this algorithm over multiplicative TF 

approach is that, the PSD of speech and noise is calculated 

for the whole spectrum. Whereas in multiplicative TF 

approach the PSD of speech and noise should be 

calculated for each signal separately . the overhead in the 

channel can be reduced by computing the PSD of speech 

and noise in first frame and calculating the PSD of speech 

and noise of adjacent frames from the value of the first 

frame.  

CONCLUSION 

In this paper we have discussed various algorithms for 

speech enhancement. Each algorithm have their own 

advantages and disadvantages. The purpose of speech 

enhancement can be achieved by these algorithm based on 

the type of application. The purpose of enhancing the 
signal is to give a clear signal removed from noise so that 

it can be used in various applications such as in hearing 

aid, digital communication field, teleconferencing field. 

This paper gives an insight to different types of speech 

enhancement algorithms. 
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