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Chapter 7 

CONCLUSIONS 

 

Speech enhancement is a special case of signal estimation as speech is non 

stationary and hence human ear is the final judge and it requires a mathematical 

error criterion.  

 

This thesis has presented a historical review about some speech estimation 

techniques and explicitly states the difference between their theoretical back-ground. 

Moreover, to evaluate their speech enhancement capabilities, all the parameters are 

performed on computer simulations. The results show that Recursive filter method 

gave the best noise reduction capability in comparison to other speech enhancement 

methods presented in this thesis. 

 

Hence the following are the conclusions: 

 From results it can be concluded that Multi Stage Vector Quantization is 

having the less computational complexity, memory requirements and better 

Spectral distortion. 

  Performance of the Multi Stage Vector Quantizer is best when compared to 

Unconstrained Vector Quantizer.  

  The decrease in computational complexity & memory requirements with 

MSVQ is due to less availability of bits at each stage of quantizer. It is 

observed that as the number of bits/ frame decreases, the complexity and 

memory requirements are also decreased but the spectral distortion has 

increased. 

  Hence transparency in quantization is achieved at 24 bits/frame. As a result a 

64kbps signal is compressed to 1.2kbps.  

 By using method-1(First compression and then enhancement) it is observed 

that Spectral Subtraction method performance is considerably good when 

compared with Kalman filter. 

 White Gaussian noise levels from 5 dB to 15 dB, the SNR of 5 dB noise is       

-1.6 dB, 10 dB is 5.09 dB and at 15 dB it is 2.34 dB and beyond 15 dB the 

response of the filter is becoming worse. 
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 But in case of Kalman filter  the speech signal is not suppressed between 2 dB 

to 30 dB but  the output signal is having more noise component, it has better 

enhancement between 0 dB and 10  dB than Spectral Subtraction. 

  However in Spectral Subtraction method, speech signal is completely 

distorted due to Spectral Subtraction and so the speech samples are missing. In 

spite of less SNR at 20 dB, 25 dB and 30 dB when compared with Kalman 

filter, the signal quality is not maintained. 

 Hence it is concluded that Spectral Subtraction is preferred for the white 

Gaussian noise levels below 15 dB.  

 By using method-2 (first enhancement and then compression) the 

mathematical results of SNR of compressed speech signal with respect to 

spectral subtracted speech signal is relatively far better than Kalman filtered 

signal but it is observed that the  SNR  values are always negative hence it is 

observed that signal level is less and noise levels are more. 

 But when these signals are heard using load speaker, spectral subtracted 

signals are not even recognizable. Where as if the noisy speech signals are 

enhanced using Kalman filter the speech signal are audible (restored) but with 

very less amplitude, signal is not lost or suppressed hence the spectral 

distortion and loss in quality is more in Spectral Subtraction method at higher 

dB.  

 Hence we can conclude that method-2 is not preferred for improvement of 

noisy narrow band speech signals. It is observed that the responses are not 

appreciable because the concept of enhancing and then compressing the 

speech signal is proved to be wrong and not suggest able. 

  Mean Opinion Score(MOS) is calculated and majority of pupil response is 

‘good’ up to 15 dB for Spectral Subtraction  and beyond 15 dB the response 

using Spectral Subtraction is considerably ‘poor’ and response of Kalman 

filter is ‘bad’ 

 For all Real world noise signals, the MOS of the Kalman filter is ‘good’ and 

for Spectral Subtraction method it is observed that the responses are’ poor’ 

and ‘bad’. 

 From the results extracted by using new Recursive filter the same above said 

methods are implemented and has come out with all positive results. 



149 

 

 Calculations are made and compared with respect to pitch, formants, signal to 

noise ratio and MOS. These results are compared with the results of Spectral 

Subtraction and Kalman filter methods. 

 It is concluded that the proposed Recursive filter have provided better results 

for all above said aspects with different noisy environment signals.  

 All the above parameters are simulated using MATLAB. 

 

Hence, we can conclude that Compression and then enhancement is the best 

Method of enhancing the noisy speech signal and Recursive filter can be used to 

achieve better results in terms of SNR(in dB), Pitch and Formants when compared 

with existing techniques. 

 

Future work: 

 

In this thesis, an estimated speech spectrum is obtained by simply subtracting 

a pre estimated noise spectrum from an observed one. Hence, the Spectral Subtraction 

method is not concerned with speech spectral properties. It is well known that the 

Spectral Subtraction method produces an annoying artificial noise in the extracted 

speech signal. On the other hand, recent successful speech enhancement methods 

positively utilize the speech property and achieve an efficient speech enhancement 

capability. This thesis has presented a historical review about some speech estimation 

techniques and explicitly states the difference between their theoretical back-ground. 

Moreover, to evaluate their speech enhancement capabilities, all the parameters are 

performed on computer simulations. The results show that Recursive filter method 

gave the best noise reduction capability in comparison to other speech enhancement 

methods presented in this thesis. 

 

Single channel speech enhancement methods have been extensively studied in 

decades. This thesis has presented some spectral gain methods among numerous 

studies. Of course, there exists various noisy situations, and hence we cannot choose 

the best speech enhancement system among them.  
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It has just tried to explicitly denote theoretical backgrounds of the chosen 

speech enhancement methods. The noise reduction capability of the speech 

enhancement methods was roughly compared for an arbitrary noisy speech, although 

the simulation results may slightly change when different noise and speech signals are 

used.  

 

In this thesis, musical noise is not included in speech pause segments. So the 

research can be further extended by introducing a small-level of musical noise, more 

number of real world noises, multi speaker environments, multiple noise etc., and 

degradation in the speech can be enhanced. Such degradation tends to become large as 

noise increases. 

 

 Future works in speech enhancement include a development of effective noise 

reduction methods which can give a good performance for a noisy speech signal in 

terms of SNR, Pitch and Formants. 


