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Chapter 6 

RESULTS 

 

The main objectives of the thesis are to enhance the compressed noisy speech 

signal. So the research has started concentrating on the objective of achieving high 

perceived Quality (how well a human perceives the audio signals) and to achieve 

High measured Intelligibility (The message is understood) at low bit rate (bits per 

second of speech). 

 

Since in this thesis, Lossy Compression technique called LPC coding has been 

adopted and hence there is every possibility of loss in quality. It is proposed to 

calculate the Spectral distortion (dB), Computational complexities (K Flops) and 

Memory requirements (Floats) to measure the quality of the speech. 

 

Speech signal is recorded as wav file which is an uncompressed speech. It is 

recorded at 64 Kbps, using 8 bits/sample and at a rate of 8 K Hz for sampling. Any bit 

rate below 64kbps is considered as Compression. 

 

6.1 RESULTS OF COMPRESSION TECHNIQUES: 

 

The following are the simulated results of unconstrained vector quantization 

and Multi Stage Vector quantization (MSVQ) techniques  

 

6.1.1 Spectral Distortion:  

 

The quantization performance of LPC parameters can be evaluated by the 

average spectral distortion of all the frames. The spectral distortion of each frame is 

defined as the Root Mean Squared Error (RMSE) between the power spectral density 

estimate of the original and the reconstructed LPC parameter vector. The spectral 

distortion can be calculated by the following formula 
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Where    is the sampling frequency in Hz, and       and        are the LPC 

power spectra of the i
th

 frame given by 
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Where        and         are the original (unquantized) and quantized LPC 

polynomials, respectively, for i-th frame. The Spectral distortion is evaluated for all 

frames in the test data and its average value is computed. This average value 

represents the distortion associated with a particular quantizer. As mentioned before, 

the average spectral distortion has been used extensively in the past to measure the 

performance of LPC parameter quantizers.  

 

The simulation have started with the unconstrained vector quantization with 

respect to Spectral Distortion (in  dB) and it found that spectral distortion is having 

very less  dB value  and hence it is proposed to further calculate the Spectral 

Distortion for MSVQ(3-stage). The following are the observations and are stated in 

Table 6.1. 

Table: 6.1 Spectral Distortion of MSVQ at different bits 

Bits / Frame SD(dB) 2-4 dB >4dB 

24(8+8+8) 0.976 1.34 0 

23(7+8+8) 1.264 1.2 0.1 

22(7+7+8) 1.365 0.84 0.12 

21(7+7+7) 1.38 1.09 0.31 

 

Transparent coding means that the coded speech is indistinguishable from the 

original speech through listening tests. The conditions for transparent coding of 

speech from LPC parameter quantization are: 

1) The average Spectral Distortion (SD) is approximately 1 dB. 

2) There is no outlier frame having more than 4 dB of spectral distortion. 
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3) Less than 2% of outlier frames are within the range of 2-4 dB. 

 

From the Table: 6.1 it is observed that as the number of bits/frame decreases, 

the spectral distortion starts increasing. From the table 6.1 it is also observed that at 

24 bits (8+8+8) the number of frames which fall under 1 dB are less than 1% and the 

number of frames that fall under the range of 2-4 dB are less than 2% and none of the 

frame fall under 4 dB. In case of 23bits, 22bits and 21 bits i.e., as the number of bits 

decreases, the percentage of number of frames that fall under specified dB are 

increasing. It gives a clear indication that spectral distortion increases as the number 

of bits/frame decreases.  

 

Hence it can be concluded that transparency is achieved at 24 bits/frame 

because the average number of frames that fall under 1 dB is less than 1%. 

 

6.1.2 Computational Complexities: 

 

The research has been continued to analyze and compare the performance of 

unconstrained VQ and MSVQ techniques with respect to Computational complexities 

(K Flops) and Memory requirements (Floats). 

 

The computational complexities of UNCONSTRAINED VQ & MSVQ are 

compared and the values are tabulated below in Table: 6.2 and Table: 6.3. The 

computational complexity of different vector quantizations is as below: 

To calculate the Computational complexities and Memory requirements the following 

formulas are used [3]. 

• Dimension of the vectors, n; 

• The total number of bits, btot; 

• Dimension of the sub vectors,        
  

 Where 

 

     

 

   

 

• Bits allocated to each of the sub vectors,        
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Where, 

        

 

   

 

 

The complexity of the unconstrained vector quantization is given by 

 

Complexity VQ          

 

Where, b is the number of bits.  

 

The complexity of the Multi Stage Vector Quantizer is given by 

 

                          

 

   

 

Where,   is the no of stages. 

 

6.1.3 Memory requirements:  

 

The memory requirements, as a number of floating point values, of the 

unconstrained VQ is given by 

 

Memory =       

 

The memory requirements, as a number of floating point values, of the MSVQ 

is given by 
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Table: 6.2 Complexity and Memory requirements for unconstrained VQ 

Bits / frame 
Complexity 

(Kflops/frame) 

ROM 

(floats) 

24 671088.639 167772160 

23 335544.319 83886080 

22 167772.159 41943040 

21 83886.079 20971520 

20 41943.039 10485760 

19 20971.519 5242880 

18 10485.759 2621440 

 

From the above Table: 6.2 it is observed that the analysis have started with 

24bits/frame and gone up to 18bits/frame and these are the following observations. 

 

At 24 bits/frame the complexity of the unconstrained VQ is 671088.639 

Kflops and the memory requirements are167772160 floats, at 23 bits/frame 

complexity is 335544.319 Kflops and memory requirements are 83886080floats, at 22 

bits/frame complexity is 167772.159 Kflops and memory requirements are 41943040 

floats,  at 21 bits/frame complexity is 83886.079 Kflops and memory requirements are 

20971520 floats, at 20 bits/frame complexity is 41943.039Kflops and memory 

requirements are 10485760 floats, at 19 bits/frame complexity is 20971.519 Kflops 

and memory requirements are 5242880 floats and at 18 bits/frame complexity is 

10485.759 Kflops and memory requirements are 2621440 floats. As the bits were 

decreased up to 18 bits/frame, the observation is that complexity and memory 

requirements are becoming  half for every bit change or it can be also understood that, 

for every bit increase e.g.: 18 to 19 to 20 and so on up to 24 bits the complexity and 

memory requirements are doubled for every bit increase.  

 

However it can be concluded that, as the number bits/frame decreases 

complexity and memory requirements also decreases, but spectral distortion starts 

increasing. This affects the Quality of the signal. 
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Further, it is decided to calculate the same parameters for Multi Stage Vector 

Quantization technique (MSVQ) and is tabulated below in the Table: 6.3 

 

Table: 6.3 Complexity and Memory requirements for MSVQ 

Bits / frame 
Complexity 

(Kflops/frame) 

ROM 

(floats) 

24(8+8+8) 30.717 7680 

23(7+8+8) 25.597 6400 

22(7+7+8) 20.477 5120 

21(7+7+7) 15.357 3840 

20(6+7+7) 12.797 3200 

19(6+6+7) 10.237 2560 

18(6+6+6) 7.677 1920 

 

The decrease in Computational complexity & Memory requirement with 

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

 

It is observed from the Table:6.3 that, at 24 bits/frame the complexity of the 

MSVQ is 30.717 Kflops and the memory requirements are 7680 floats, at 23 

bits/frame complexity is 25.597 Kflops and memory requirements are  6400 floats, at 

22 bits/frame complexity is 20.477 Kflops and memory requirements are 5120 floats,  

at 21 bits/frame complexity is 15.357 Kflops and memory requirements are 3840 

floats, at 20 bits/frame complexity is 12.797 Kflops and memory requirements are 

3200 floats, at 19 bits/frame complexity is 10.237Kflops and memory requirements 

are 2560 floats and at 18 bits/frame complexity is 7.677 Kflops and memory 

requirements are 1920 floats. 

 

Finally, from Table; 6.1, 6.2 and 6.3 it is observed that, as the number of 

bits/frame decrease, the complexity and memory requirements are also decreased, but 

the spectral distortion has increased.  

 

Hence, transparency in quantization is achieved at 24 bits/frame due to its less 

spectral distortion. As a result a 64 Kbps signal is compressed to 1.2 Kbps.  
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Speech signal is recorded as wav file which is an uncompressed speech. It is 

recorded at 64 Kbps, using 8 bits/ sample and at a rate of 8 KHz for sampling. Any bit 

rate below 64kbps is considered as Compression. 

 

Original uncompressed input Speech signal and compressed speech signal 

using MSVQ at different bits are graphically represented below:  

 

Figure: 6.1 Input Speech signal 

Figure shows the graphical representation of input speech signal of 3sec 

duration. Figure shows that maximum amplitude of the input speech signal 0.45 dB 

and average amplitude falls between 0.25 dB to 0.3 dB.  

This input speech signal is passed through the compression technique called 

MSVQ and the following results are obtained and are plotted below. 

However figures may not give complete information of changes in amplitudes 

or time period, but certainly there are some small changes which are less visible but 

there is a large difference in the clarity of the compressed audio signal that is saved at 

different bits.    

Figure: 6.2 represent MSVQ output of speech signal using 24-bits, Figure: 6.3 

represent MSVQ output of speech signal using 23-bits, Figure: 6.4 represent MSVQ 

output of speech signal using 22-bits and Figure: 6.5 represent MSVQ output of 

speech signal using 21-bits. 
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Figure: 6.2 MSVQ output of speech signal using 24-bits

 

Figure: 6.3 MSVQ output of speech signal using 23-bits 
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Figure: 6.4 MSVQ output of speech signal using 22-bits 

 

Figure: 6.5 MSVQ output of speech signal using 21-bits 
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Speech coding is a method of reducing the amount of information required to 

represent a speech signal. In this research work two methods of speech coding 

techniques i.e. unconstrained vector quantization and Multi Stage Vector Quantization 

are analyzed and tabulated. From the results it can be concluded that Multi Stage 

Vector Quantization is having the less computational complexity when compared to 

unconstrained vector quantization. But the Spectral distortion performance of the 

Multi Stage Vector Quantizer is better when compared to unconstrained Vector 

Quantizer. The decreasing computational complexity & memory requirement with 

Multi Stage Vector Quantizer is due to less availability of bits at each stage of 

Quantizer.  

 

Finally from the results of quantized signal, it can be concluded that Multi 

Stage Vector Quantization (MSVQ) is having less computational complexity, memory 

requirements and better Spectral distortion.  

 

As MSVQ have adopted Lossy compression technique (LPC coding) and 

certainly there is a loss in Quality of the speech signal. It is obvious that when an 

input speech signal is corrupted by background noise then the overall quality of the 

compressed speech signal will be worse. Hence, enhancement techniques have been 

introduced to enhance the Quality and Intelligibility of the noisy speech signal.  

 

6.2 SPEECH ENHANCEMENT: 

 

The research has further extended towards Speech Enhancement and started 

analyzing the Performance of Speech signal corrupted by White Gaussian Noise. 

Noisy speech signal is first compressed using MSVQ technique to get a compressed 

Noisy Speech signal and enhanced using enhancement techniques. 

 

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. 
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Case 1: Enhancement using Spectral Subtraction Method: 

First the enhancement of the compressed Noisy speech signal is carried out 

with the existing enhancement techniques like Spectral Subtraction and Kalman filter 

methods. The uncompressed Input Speech signal is corrupted by White Gaussian 

noise at 2 dB, 5 dB, 10 dB, 15 dB, 20 dB, 25 dB and 30 dB respectively. 

 

The performance of the Spectral Subtraction method and Kalman filter 

method, and Quality of the signal is measured in terms of Signal to Noise Ratio (SNR 

in dB) and Mean Opinion Score (MOS). SNR and MOS are calculated and tabulated 

below.  

 

SNR is one of the most common measures for evaluating the performance of 

the compression/enhancement algorithms by using the formula: 

 

            
         
   

             
    

   

  

 

Table: 6.4 SNR comparison of first compressed and then enhanced speech signal 

using Spectral Subtraction. 

Noise Type Signal to Noise Ratio(in dB) 

White Gaussian 

noise level 

SNR(in dB) after 

Compression using 

MSVQ 

SNR(in dB)after 

Enhancement using 

Spectral Subtraction 

2dB -16.6607 -9.0504 

5dB -11.8891 -1.6827 

10dB -8.7907 5.0969 

15dB -14.8324 2.3484 

20dB -31.1697 -4.0126 

25dB -36.9003 -8.1745 

30dB -38.1711 -9.7445 

 

Table: 6.4 represents the SNR of the compressed speech signal and enhanced 

speech signal. First the uncompressed input speech signal is corrupted by white 
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Gaussian noise with noise levels of 2 dB, 5 dB, 10 dB, 15 dB, 20 dB, 25 dB and 30 

dB. Then the signal is passed through MSVQ to get compressed noisy speech signal. 

SNR of the compressed noisy speech signal is calculated.  

 

From the results shown in Table: 6.4, it is observed that SNR of the 

compressed speech signal with noise levels of 2 dB, 5 dB, 10 dB, 15 dB, 20 dB, 25 

dB and 30 dB are   -16.6607  dB, -11.8891  dB, -8.7907  dB, -14.8324  dB, -31.1697  

dB, -36.9003  dB and   -38.1711  dB. It is observed that SNR of the compressed 

speech signal at initial stages of noise level is less and gradually increased at 10 dB 

noise level, the highest SNR of -8.7907 dB is recorded and later it has decreased. 

 

These compressed signals are then enhanced using Spectral Subtraction 

method and the following results have been produced. From the Table: 6.4 it is 

observed that, Spectral Subtraction method have provided better results between 5 dB 

to 15 dB. SNR of enhanced speech signal at 2 dB noise is -9.0504 dB, at 5 dB noise is 

-1.682 dB, at 10 dB is 5.0969 dB, at 15 dB it is 2.3484 dB, at 20 dB it is -4.0126  dB, 

at 25 dB it is -8.1745  dB and at 30 dB it is -9.7445  dB. Hence it can be concluded 

that, the response of the Spectral Subtraction method is better up to 15 dB and beyond 

15 dB the response of the filter is becoming worse.  

 

As the SNR values does not have much difference beyond 15 dB but 

practically there is a change in the quality of the audio signal. All the Simulated 

results of speech samples at different dB are stored as audio files. 

 

It is then decided to calculate Mean Opinion Score (MOS) from the Voice 

samples which are generated and stored for the above said noise levels.  

 

Mean Opinion Score (MOS): 

1 It is used to measure the perceived Speech Quality. 

2 The way to compute is defined through ITU Telecommunication 

Standardization Sector (ITU-T), which is one of the three sectors (divisions or 

units) of the International Telecommunication Union (ITU) 

Has the following grade: 

i. Excellent  -5 

http://en.wikipedia.org/wiki/International_Telecommunication_Union
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ii. Good  -4 

iii. Fair  -3 

iv. Poor  -2 

v. Bad   -1 

3 A minimum of 30 people (both male and female) has been used to grade 

speech by listening to voice samples. 

The ratings are as follows: 

 

Table: 6.5 MOS after Enhancement of Compressed Noisy Speech signal at various dB 

using Spectral Subtraction method. 

White Gaussian noise 

level 

EX 

5 

GOOD 

4 

FAIR 

3 

POOR 

2 

BAD 

1 

2dB  3 18 8 1 

5dB  11 14 5  

10dB 5 18 7   

15dB 2 14 11 3  

20dB   12 16 2 

25dB   9 14 7 

30dB   5 9 16 

 

From the Table: 6.5 it is observed that pupil have rated as per their hearing 

ability and therefore it can be concluded that 18 people have rated ‘FAIR’ for the 

noise level of 2 dB, 8 people have rated as ‘POOR’, 1 person have rated it has ‘BAD’, 

only 3 people have rated it as ‘GOOD’ and none have rated it as ‘EXCELLENT’. 

 

For 5 dB noise level, 14 people have rated ‘FAIR’, only 5 people have rated as 

‘POOR’, 11 people  have rated it has ‘GOOD’ and none have rated it as ‘BAD’ or 

‘EXCELLENT’. This shows that the response of the filter is ‘FAIR’ at this noise 

level. 

 

For 10 dB noise level, 5 people have rated it as ‘EXCELLENT’, 18 people 

have rated ‘GOOD’, only 7 people have rated as ‘FAIR’, and none have rated it as 
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‘POOR’ or ‘BAD’. This shows that the response of the filter is ‘GOOD ‘at this noise 

level. 

 

For 15 dB noise level, only 2 people have rated ‘EXCELLENT’, 14 people 

have rated ‘GOOD’, 11 people have rated as ‘FAIR’, 3 people have rated it as 

‘POOR’ and none have rated it as ‘BAD’. This shows that the response of the filter is 

either ‘GOOD’ or ‘FAIR’ at this noise level. 

 

For 20 dB noise level, 12 people have rated as ‘FAIR’, 16 people have rated it 

as ‘POOR’ and only 2 people have rated it as ‘BAD’. But none have rated 

‘EXCELLENT’ or ‘GOOD’. This shows that the response of the filter more or less 

‘POOR’ at this noise level. 

 

For 25 dB noise level, 9 people have rated as ‘FAIR’, 14 people have rated it 

as ‘POOR’ and 7 people have rated it as ‘BAD’. But none have rated ‘EXCELLENT’ 

or ‘GOOD’. This shows that the response of the filter is ‘POOR’ at this noise level. 

 

For 30 dB noise level, 5 people have rated as ‘FAIR’, 9 people have rated it as 

‘POOR’ and 16 people have rated it as ‘BAD’. But none have rated ‘EXCELLENT’ 

or ‘GOOD’. This shows that the response of the filter is ‘BAD’ at this noise level. 

 

Hence it is concluded that at 10 dB and 15 dB the voice clarity of the 

enhanced signal is good as majority of pupil have satisfied and rated it. The voice 

signals above 20 dB are completely distorted and even there is a loss in Quality and 

intelligibility of speech. 

 

Hence it is concluded that Spectral Subtraction is preferred between 0 to 15 

dB and beyond 15 dB it is observed that voice clarity have become worse and hence it 

is not preferred. 

 

Case 2: Enhancement using Kalman filter method 

The input Speech signal corrupted by White Gaussian noise at different dB is 

compressed using MSVQ and enhanced using Kalman filter.  
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Signal to Noise Ratio (in dB) and Mean Opinion Score (MOS) are calculated 

and tabulated below in Table: 6.6 and Table: 6.7: 

 

Table: 6.6 SNR comparisons of Compressed and then Enhanced speech signal using 

Kalman filter method. 

Noise type Signal to Noise Ratio (in dB) 

White Gaussian 

noise level 

SNR(in dB) after 

Compression using MSVQ 

SNR(in dB) after 

Enhancement using 

Kalman Filter 

2dB -16.6607 -2.1558 

5dB -11.8891 -2.498 

10dB -8.7907 -3.093 

15dB -14.8324 -4.0438 

20dB -31.1697 -17.8368 

25dB -36.9003 -32.9256 

30dB -38.1711 -37.7289 

 

Table: 6.6 represents the SNR of the compressed speech signal and enhanced 

speech signal. First the uncompressed input speech signal is corrupted by white 

Gaussian noise with noise levels of 2 dB, 5 dB, 10 dB, 15 dB, 20 dB, 25 dB and 30 

dB. Then the signal is passed through MSVQ to get compressed noisy speech signal. 

SNR of the compressed noisy speech signal is calculated.  

 

From the results in Table: 6.6, it is observed that SNR(in dB) of the 

compressed speech signal with noise levels of 2 dB, 5 dB, 10 dB, 15 dB, 20 dB,        

25 dB and 30 dB are -16.6607  dB, -11.8891  dB, -8.7907  dB, -14.8324  dB, -31.1697  

dB, -36.9003  dB and -38.1711  dB. It is observed that SNR of the compressed speech 

signal at initial stages of noise level is less and gradually increased at 10 dB noise 

level, the highest SNR of -8.7907 dB is recorded and later it has decreased. 

 

These compressed signals are then enhanced using Kalman filter method and 

the following results have been produced. From the Table: 6.6, it is observed that, 

Kalman filter method have provided better results up to 15 dB and beyond 15 dB 
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there is a drastic decrease in SNR, however, the amount of noise is more right from    

2 dB onwards.  

SNR of enhanced speech signal at 2 dB noise is -2.1558 dB,  5 dB noise is       

-2.498  dB, at 10 dB is -3.093 dB, at 15 dB it is -4.0438 dB, at 20 dB it is -17.8368 

dB, at 25 dB it is -32.9256 dB and at 30 dB it is -37.7289 dB.  

It is observed from the stored speech samples for different dB’s that, the 

output speech is having more noise component. Kalman filter has provided better 

enhancement between 2 dB to 15 dB and speech samples are not suppressed between 

2 dB to 30 dB. 

 

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 

and intelligibility are not maintained. 

 

It is then decided to calculate Mean Opinion Score (MOS) from the Voice 

samples which are generated and stored for the above said noise levels.  

 

Table: 6.7 MOS after Enhancement of Compressed noisy Speech signal at various 

dB’s using Kalman filter method. 

White  

Gaussian noise 

level 

Mean Opinion Score  

EX 

5 

GOOD 

4 

FAIR 

3 

POOR 

2 

BAD 

1 

2dB  14 10 6  

5dB  12 13 5  

10dB  9 10 11  

15dB  3 8 14 5 

20dB   2 19 9 

25dB    21 9 

30dB    10 20 

 

From the Table: 6.7 it is observed that pupil have rated as per their hearing 

ability and therefore it can be concluded that for 2 dB, 14 people have rated it as 
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‘GOOD’, 10 people have rated ‘FAIR’, 6 people have rated as ‘POOR’, and none 

have rated it as ‘EXCELLENT ‘or ‘BAD’. This shows that the response of the filter is 

either ‘GOOD’ or ‘FAIR’ at this noise level. 

 

For 5 dB noise level, 13 people have rated ‘FAIR’, only 5 people have rated as 

‘POOR’, 12 people  have rated it has ‘GOOD’ and none have rated it as ‘BAD’ or 

‘EXCELLENT’. This shows that the response of the filter is ‘FAIR’ at this noise 

level. 

 

For 10 dB noise level, 9 people have rated ‘GOOD’, 10 people have rated as 

‘FAIR’, 11 people have rated as ‘POOR’ and none have rated it as ‘EXCELLENT’ or 

‘BAD’. This shows that the response of the filter is ‘FAIR’ at this noise level. 

 

For 15 dB noise level, only 3 people have rated ‘GOOD’, 8 people have rated 

as ‘FAIR’, 14 people have rated it as ‘POOR’ and 5 people have rated it as ‘BAD’ 

and none have rated it as ‘EXCELLENT’. This shows that the response of the filter is 

more or less ‘FAIR’ at this noise level. 

 

For 20 dB noise level, only 2 people have rated as ‘FAIR’, 19 people have 

rated it as ‘POOR’ and 9 people have rated it as ‘BAD’. But none have rated 

‘EXCELLENT’ or ‘GOOD’. This shows that the response of the filter ‘POOR’ at this 

noise level. 

 

For 25 dB noise level, 21 people have rated it as ‘POOR’ and 9 people have 

rated it as ‘BAD’. But none have rated ‘EXCELLENT ‘, ‘GOOD’ or ‘FAIR’. This 

shows that the response of the filter is ‘POOR’ at this noise level. 

 

For 30 dB noise level, 10 people have rated it as ‘POOR’ and 20 people have 

rated it as ‘BAD’. But none have rated ‘EXCELLENT’, ‘GOOD’ or ‘FAIR’. This 

shows that the response of the filter is ‘BAD’ at this noise level. 

 

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

Gaussian noise levels below 15 dB and further concluded that Kalman filter method 

have produced good results up to 15 dB but it has more noise component beyond     
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15 dB, but Kalman filter method have retained the intelligibility of the speech signal 

even after 15 dB but with more noise. 

 

After looking into all these outputs, it is then decided to change the 

methodology to analyze the Performance of speech signal corrupted by white 

Gaussian Noise using the method-2 of “First Enhancement and then compression” 

using Spectral Subtraction and Kalman filter at 2 dB, 5 dB, 10 dB, 15 dB, 20 dB, 25 

dB and 30 dB. 

 

The performance and Quality is measured in terms of Signal to Noise Ratio 

(SNR) in dB and Mean Opinion Score (MOS). 

 

Table: 6.8 SNR comparisons of Enhanced and then compressed speech signal using 

Spectral Subtraction. 

White Gaussian 

noise level 

SNR after Enhancement using 

Spectral Subtraction 

SNR after Compression 

using  MSVQ 

2 dB 10.8951 -6.2833 

5 dB 10.3324 -5.7821 

10 dB 9.5508 -4.6115 

15 dB 8.1893 -2.3711 

20 dB 5.4308 -6.0925 

25 dB 3.6169 -7.3127 

30 dB 1.8198 -20.0085 

    

Table: 6.8 represents the SNR of the enhanced speech signal and compressed 

speech signal. First the uncompressed input speech signal is corrupted by white 

Gaussian noise with noise levels of 2 dB, 5 dB, 10 dB, 15 dB, 20 dB, 25 dB and 30 

dB. The main objective is to enhance the noisy speech signal before it is compressed. 

So, the signal is passed through Spectral Subtraction method to enhance the noisy 

speech signal and then it is compressed using MSVQ technique.  Finally, SNR of the 

compressed speech signal is calculated.  
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From the results in Table: 6.8, it is observed that SNR (in  dB) of the enhanced 

speech signal with noise levels of 2 dB, 5 dB, 10 dB, 15 dB, 20 dB, 25 dB and 30 dB 

are 10.8951 dB, 10.3324 dB, 9.5508 dB, 8.1893 dB, 5.4308 dB, 3.6169 dB and 

1.8198 dB. It is observed that SNR of the enhanced speech signal at initial stages of 

noise level is more and gradually there is a decrease in SNR. 

 

So it is clear that, as the noise level is increasing, the performance of the 

Spectral Subtraction method is decreasing. 

 

These enhanced signals are then compressed using MSVQ method and the 

following results have been produced. From the Table 6.8, it is observed that, the 

process of method-2 have provided fair results up to 25 dB and beyond 25 dB there is 

a drastic decrease in SNR, however, the amount of noise is more right from 2 dB 

onwards.  

 

SNR of compressed speech signal at 2 dB noise is -6.2833 dB,  5 dB noise is      

-5.7821 dB, at 10 dB is -4.6115 dB, at 15 dB it is -2.3711 dB, at 20 dB it is -6.0925 

dB, at 25 dB it is -7.3127 dB and at 30 dB it is -20.0085 dB.  

 

It is observed from the stored speech samples for different dB’s that, the 

output speech is having more noise component.  

 

However, if these two methods are compared i.e., Table: 6.4 and Table: 6.8 it 

can be concluded that, at 2 dB noise level using method-1 it is -9.0504 dB and using 

method-2 it is -6.2833 dB, for 5 dB noise level using method-1 it is -1.6827 dB and 

using method-2 it is -5.7821 dB, for 10 dB noise level using method-1 it is 5.0969 dB 

and using method-2 it is -4.6115 dB, for 15 dB noise level using method-1 it is 2.3484 

dB and using method-2 it is -2.3711 dB, for 20 dB noise level using method-1 it is -

4.0126 dB and using method-2 it is -6.0925 dB, for 25 dB noise level using method-1 

it is -8.1745 dB and using method-2 it is -7.3127 dB and for 30 dB noise level using 

method-1 it is -9.7445 dB and using method-2 it is -20.0085 dB. 

 

From the comparative statements of Method-1 and method-2, the observations 

are unconvincing and hence human ear is the final judge. 
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So, it is then decided to calculate Mean Opinion Score (MOS) from the Voice 

samples which are generated and stored for the above said noise levels. 

 

Table: 6.9 MOS of first Enhanced and then compressed speech signal using Spectral 

Subtraction. 

White 

Gaussian noise 

level 

EX 

5 

GOOD 

4 

FAIR 

3 

POOR 

2 

BAD 

1 

2dB  5 18 7  

5dB  5 19 6  

10dB  4 21 5  

15dB  6 22 2  

20dB  2 16 11 1 

25dB   12 15 3 

30dB    9 21 

 

From the Table: 6.9 it is observed that pupil have rated as per their hearing 

ability and therefore it can be concluded that for 2 dB, 5 people have rated it as 

‘GOOD’, 18 people have rated ‘FAIR’, 7 people have rated as ‘POOR’, and none 

have rated it as ‘EXCELLENT ‘or ‘BAD’. This shows that the response of the filter is 

‘FAIR’ at this noise level. 

 

For 5 dB noise level, 5 people  have rated it as ‘GOOD’, 19 people have rated 

‘FAIR’, only 6 people have rated as ‘POOR’, and none have rated it as ‘BAD’ or 

‘EXCELLENT’. This shows that the response of the filter is ‘FAIR’ at this noise 

level. 

For 10 dB noise level, 4 people have rated ‘GOOD’, 21 people have rated as 

‘FAIR’, 5 people have rated as ‘POOR’ and none have rated it as ‘EXCELLENT’ or 

‘BAD’. This shows that the response of the filter is ‘FAIR’ at this noise level. 

 

For 15 dB noise level, only 6 people have rated ‘GOOD’, 22 people have rated 

as ‘FAIR’, 2 people have rated it as ‘POOR’ and none have rated it as 
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‘EXCELLENT’ or ‘BAD’. This shows that the response of the filter is ‘FAIR’ at this 

noise level. 

 

For 20 dB noise level, only 2 people have rated ‘GOOD’, 16 people have rated 

as ‘FAIR’, 11 people have rated it as ‘POOR’ and 1 person have rated it as ‘BAD’. 

But none have rated ‘EXCELLENT’. This shows that the response of the filter is 

more or less ‘FAIR’ at this noise level. 

 

For 25 dB noise level, 12 people have rated it as ‘FAIR’, 15 people have rated 

it as ‘POOR’ and 3 people have rated it as ‘BAD’. But none have rated 

‘EXCELLENT ‘or ‘GOOD’. This shows that the response of the filter is ‘POOR’ at 

this noise level. 

 

For 30 dB noise level, 9 people have rated it as ‘POOR’ and 21 people have 

rated it as ‘BAD’. But none have rated ‘EXCELLENT’, ‘GOOD’ or ‘FAIR’. This 

shows that the response of the filter is ‘BAD’ at this noise level. 

 

Hence it is concluded that Spectral Subtraction is preferred using method-1for 

the White Gaussian noise levels below 15 dB and it not preferred for method-2.  

 

After looking into SNR and MOS from Table: 6.8 and Table: 6.9, it can be 

concluded that the speech quality is not maintained and there is a presence of Noise 

component even at low dB’s and it is also observed that majority of the pupil have 

rated ‘FAIR’. 

 

It is then decided to analyze the performance with Kalman filter and the 

results are tabulated in Table: 6.10 and Table: 6.11. 
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Table: 6.10 SNR comparisons of first Enhanced and then Compressed speech signal 

using Kalman filter method. 

White Gaussian noise 

level 

SNR after Enhancement using 

Kalman Filter 

SNR after Compression using   

MSVQ 

2db -0.4643 -19.1186 

5db -0.5602 -20.5607 

10db -0.6545 -27.4201 

15db -0.3113 -32.8496 

20db -1.7093 -36.7196 

25db -7.6637 -37.911 

30db -16.9447 -38.4032 

 

First the uncompressed input speech signal is corrupted by white Gaussian 

noise with noise levels of 2 dB, 5 dB, 10 dB, 15 dB, 20 dB, 25 dB and 30 dB. Then 

the signal is passed through enhancement technique to obtain enhanced noisy speech 

signal. This enhanced signal which is then compressed with MSVQ technique to get 

compressed signal. SNR of enhanced and compressed speech signals are calculated 

and are tabulated in the Table: 6.10.  

 

From the results in Table: 6.10, it is observed that SNR (in dB) of the 

enhanced speech signal with noise levels of 2 dB, 5 dB, 10 dB, 15 dB, 20 dB, 25 dB 

and 30 dB are -0.4643 dB, -0.5602 dB, -0.6545 dB, -0.3113 dB, -1.7093 dB, -7.6637 

dB and -16.9447  dB.  

 

These enhanced speech signals using Kalman filter method are then 

compressed using MSVQ technique and the following results have been produced. 

Therefore  from the Table: 6.10 the SNR of compressed speech signal at 2 dB noise is  

-19.1186 dB,  5 dB noise is -20.5607 dB, at 10 dB is -27.4201 dB, at 15 dB it is          

-32.8496 dB, at 20 dB it is -36.7196 dB, at 25 dB it is -37.911 dB and at 30 dB it is     

-38.4032 dB.  
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Hence, method-2 has provided worst results and there is a drastic decrease in 

SNR, and the amount of noise is more right from 2 dB onwards. 

 

From the results tabulated in Table: 6.8 and 6.10 using method-2 (First 

enhancement and then compression), it is clear that Spectral Subtraction method has 

provided much better results than Kalman filter method. However even Spectral 

Subtraction method have failed to produce good results. So, the next step is to justify 

the methods using Kalman filter. Is it method-1 or method-2? 

 

So it is decided to compare the results of both the methods. The following are 

the observations made from Table: 6.6 and Table: 6.10 are as follows: 

 

When the noise level is at 2 dB the output SNR using method-1 is -2.1558 dB 

and using method-2 is -19.1186 dB, at 5 dB the output SNR using method-1 is -2.498 

dB and using method-2 is -20.5607 dB, at 10 dB the output SNR using method-1 is    

-3.093 dB and using method-2 is -27.4201 dB, at 15 dB the output SNR using 

method-1 is -4.0438 dB and using method-2 is -32.8496 dB, at 20 dB the output SNR 

using method-1 is -17.8368 dB and using method-2 is -36.7196 dB, at 25 dB the 

output SNR using method-1 is -32.9256 dB and using method-2 is -37.911 dB and at 

30 dB the output SNR using method-1 is -37.7289 dB and using method-2 is -38.4032 

dB. 

 

As per the observations, it can be concluded that method-2 have produced 

very low SNR (in dB) and hence method -2 is not able to provide Quality and 

intelligibility of the signal. 

 

Further, it is then decided to calculate Mean Opinion Score (MOS) from the 

Voice samples which are generated and stored for the above said noise levels. 
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Table: 6.11 MOS of first Enhanced and then Compressed speech signal Using 

Kalman filter. 

White Gaussian 

noise level 

EX 

5 

GOOD 

4 

FAIR 

3 

POOR 

2 

BAD 

1 

2dB    8 22 

5dB    8 22 

10dB    2 28 

15dB     30 

20dB     30 

25dB     30 

30dB     30 

 

From the Table: 6.11 it is observed that pupil have rated as per their hearing 

ability and therefore it can be concluded that: 

 For 2 dB noise level, 8 people have rated as ‘POOR’, 22 people have rated as 

‘BAD’ and none have rated it as ‘EXCELLENT ‘, ‘GOOD’ or ‘FAIR’. This shows 

that the response of the filter is ‘BAD ‘at this noise level. 

 

 For 5 dB noise level, 8 people have rated as ‘POOR’, 22 people have rated as 

‘BAD’ and none have rated it as ‘EXCELLENT ‘, ‘GOOD’ or ‘FAIR’. This shows 

that the response of the filter is ‘BAD ‘at this noise level. 

 

For 10 dB noise level, only 2 people have rated as ‘POOR’, 28 people have 

rated as ‘BAD’ and none have rated it as ‘EXCELLENT ‘, ‘GOOD’ or ‘FAIR’. This 

shows that the response of the filter is ‘BAD ‘at this noise level. 

 

For 15 dB to 30 dB noise level, all 30 people have rated it as ‘BAD’ and none 

have rated it as ‘EXCELLENT ‘, ‘GOOD’, ‘FAIR’ or even ‘POOR’. This shows that 

the response of the filter is very ‘BAD ‘at these noise levels. 

. 

From Table: 6.10 it is observed that the SNR values after compression are not 

appreciable and have more noise component.  
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From the Table: 6.11 Mean Opinion Score (MOS) is calculated and pupil have 

rated that signals are noisier at all dB and majority of pupil response is ‘BAD’. 

 

If the noisy speech signals are enhanced using Kalman filter the speech signal 

is audible (restored) but with very less amplitude, however, speech component is not 

lost or suppressed. It is also observed that there is loss in quality of speech signal 

when it is enhanced with Spectral Subtraction method at higher dB.  

 

Hence it can be concluded that method-2 is not preferred for enhancement of 

noisy narrow band speech signals and is not suggestible. 

 

Case 3: Results of the proposed Filter: 

A new filter has been proposed called “RECURSIVE FILTER” and analyzed 

the performance of compressed noisy speech signal with the proposed filter.  

 

The proposed filter is used to enhance the speech signal corrupted by White 

Gaussian noise at different dB and are tested with both the methods as mentioned 

above.  

 

The Performance of the Recursive filter is measured in terms of SNR (in dB) 

and MOS. The performances are tabulated and compared with the performance of the 

existing methods.  
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a)  Method-1: FIRST COMPRESSION AND THEN ENHANCEMENT WITH 

WHITE GAUSSIAN NOISE 

Table: 6.12 SNR of Recursive filter and its comparison with existing enhancement 

methods using method-1 with White Gaussian noise. 

 

Table: 6.12 represents SNR of Recursive filter and its comparison with 

existing filter methods using method-1.  

 

First the uncompressed input speech signal is corrupted by white Gaussian 

noise with noise levels of 2 dB, 5 dB, 10 dB, 15 dB, 20 dB, 25 dB and 30 dB. Then 

the signal is passed through MSVQ to get compressed noisy speech signal. SNR of 

the compressed noisy speech signal is calculated.  

 

From the results in Table: 6.12, it is observed that SNR(in dB) of the 

compressed speech signal with noise levels of 2 dB, 5 dB, 10 dB, 15 dB, 20 dB,       

25 dB and 30 dB are -16.6607  dB, -11.8891 dB, -8.7907 dB, -14.8324 dB, -31.1697 

dB, -36.9003 dB and -38.1711 dB. It is observed that SNR of the compressed speech 

signal at initial stages of noise level is less and gradually increased at 10 dB noise 

level, the highest SNR of -8.7907 dB is recorded and later it has decreased. 

 

Noise 

Type 
Signal to Noise Ratio (in dB) 

White 

Gaussian 

noise level 

After 

Compression 

using MSVQ 

Enhancement 

using Spectral 

Subtraction 

Enhancement 

using Kalman 

Filter 

Enhancement 

using Recursive 

Filter. 

2dB -16.6607 -9.0504 -2.1558 1.1450 

5dB -11.8891 -1.6827 -2.4980 4.9723 

10dB -8.7907 5.0969 -3.0930 5.7459 

15dB -14.8324 2.3484 -4.0438 3.9243 

20dB -31.1697 -4.0126 -17.8368 1.3260 

25dB -36.9003 -8.1745 -32.92560 -2.8461 

30dB -38.1711 -9.7445 -37.7289 -7.2963 
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 These compressed signals are then enhanced using RECURSIVE FILTER 

method and the following results have been produced. From the results, it is observed 

that, Recursive Filter method have provided ‘GOOD’ results. 

  

SNR of enhanced speech signal at 2 dB noise is 1.1450 dB, 5 dB noise is 

4.9723 dB, at 10 dB is 5.7459 dB, at 15 dB it is 3.9243 dB, at 20 dB it is 1.3260 dB, 

at 25 dB it is -2.8461 dB and at 30 dB it is -7.2963 dB.  

 

From the results it is observed that the response of the Recursive Filter is very 

good right from 2 dB to 30 dB when compared with Spectral Subtraction method and 

Kalman filter method. Hence the results are positive. 

 

 

Figure: 6.6 graphical representations of performance comparisons. 

 

Figure: 6.6 show the graphical representation of the performance of the 

enhancement techniques in terms of SNR (in dB). 

 

Blue color graph represents the response of the MSVQ compression technique 

from 2 dB to 30 dB, Green color represents the response of the enhancement 
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technique using Kalman filter, Red color represents the response of the enhancement 

technique Spectral Subtraction method and Violet color represents the response of the 

enhancement technique using Recursive filter. 

 

Hence it can be concluded that the response of the Spectral Subtraction 

method is better than Kalman filter method and the response of recursive filter better 

than both Spectral Subtraction method and Kalman filter method for additive white 

Gaussian noise. 

 

So, to know the Quality and Intelligibility of the enhanced speech signal, it is 

then decided to calculate Mean Opinion Score (MOS) from the Voice samples which 

are generated and stored for the above said noise levels.  

 

Table: 6.13 MOS of Recursive filter using method-1 

White 

Gaussian noise 

level 

Recursive filter  

EX 

5 

GOOD 

4 

FAIR 

3 

POOR 

2 

BAD 

1 

2dB  19 10 1  

5dB 9 18 3   

10dB 13 15 2   

15dB 15 15    

20dB 5 12 12 1  

25dB  4 18 8  

30dB   10 12 8 

 

From the Table: 6.13 it is observed that pupil have rated as per their hearing 

ability and therefore it can be concluded that at 2 dB noise level, 19 people have rated 

as ‘GOOD’, 10 people have rated as ‘FAIR’ and only 1person  have rated as ‘POOR’, 

and none have rated it as ‘EXCELLENT’ or ‘BAD’.. 

 

For 5 dB noise level, 9 people have rated it as ‘EXCELLENT’, 18 people have 

rated ‘GOOD’, only 3 people have rated as ‘FAIR’, and none have rated it as ‘POOR’ 

or ‘BAD’. This shows that the response of the filter is ‘GOOD ‘at this noise level. 
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For 10 dB noise level, 13 people have rated it as ‘EXCELLENT’, 15 people 

have rated it as ‘GOOD’, only 2 people have rated as ‘FAIR’, and none have rated it 

as ‘POOR’ or ‘BAD’. This shows that the response of the filter is ‘GOOD ‘at this 

noise level. 

 

For 15 dB noise level, 15 people have rated ‘EXCELLENT’, 15 people have 

rated ‘GOOD ‘and none have rated it as ‘FAIR’, ‘POOR’  or ‘BAD’. This shows that 

the response of the filter is either ‘EXCELLENT’ or ‘GOOD’ at this noise level. 

 

For 20 dB noise level, 5 people have rated it as ‘EXCELLENT’, 12 people 

have rated it as ‘GOOD’, 12 people have rated as ‘FAIR’, and only 1person  have 

rated as ‘POOR’ and none have rated it as ‘BAD’. This shows that the response of the 

filter is ‘GOOD ‘at this noise level. 

 

For 25 dB noise level, 4 people have rated it as ‘GOOD’, 18 people have rated 

as ‘FAIR’, and 8 people  have rated as ‘POOR’ and none have rated it as 

EXCELLENT’ or ‘BAD’. This shows that the response of the filter is ‘FAIR ‘at this 

noise level. 

 

For 30 dB noise level, 10 people have rated as ‘FAIR’, 12 people have rated it 

as ‘POOR’ and 8 people have rated it as ‘BAD’. But none have rated ‘EXCELLENT’ 

or ‘GOOD’. This shows that the response of the filter is ‘POOR’ at this noise level. 

 

From the Table: 6.12 the response of the Recursive filter is much better when 

compared to existing techniques like Spectral Subtraction and Kalman filter and  from 

the Mean Opinion Score (MOS), the rating has come out with all positive results 

 

After obtaining the results with method-1, it is then decided to obtain the 

results by applying method-2. The results of SNR and MOS of the Recursive filter are 

obtained and tabulated in Table: 6.14 and Table: 6.15. 
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a) Method-2:  FIRST ENHANCEMENT AND THEN COMPRESSION WITH 

WHITE GAUSSIAN NOISE 

 First the uncompressed input speech signal is corrupted by White Gaussian 

noise with noise levels of 2 dB, 5 dB, 10 dB, 15 dB, 20 dB, 25 dB and 30 dB. Then 

the signal is passed through enhancement technique to obtain enhanced noisy speech 

signal. This enhanced signal which is then compressed with MSVQ technique to get 

compressed signal. SNR of enhanced and compressed speech signals are calculated 

and are tabulated in the Table: 6.14.  

 

Table: 6.14 SNR of Recursive filter using method-2 

Noise Type SNR in dB 

White Gaussian noise 

level 

After Enhancement 

using Recursive Filter. 

After Compression 

using MSVQ. 

2dB 2.6613 -9.2398 

5dB 2.1642 -9.5340 

10dB 1.7245 -8.4122 

15dB 1.2413 -7.8721 

20dB 1.1156 -6.6732 

25dB 0.8453 -4.8645 

30dB -1.2665 -8.2303 

 

From the results in Table: 6.14, it is observed that SNR(in dB) of the enhanced 

speech signal with noise levels of 2 dB, 5 dB, 10 dB, 15 dB, 20 dB, 25 dB and 30 dB 

are   2.6613, 2.1642 dB, 1.7245 dB, 1.2413 dB, 1.1156 dB, 0.8453 dB and -1.2665 

dB.  

These enhanced speech signals using Recursive Filter are found to be better 

than the existing techniques and the process have continues to compress the enhanced 

speech signal  using MSVQ technique and the results are described below: 

 

Therefore  from the Table: 6.14 the SNR of compressed speech signal at 2 dB 

noise is  -9.2398 dB,  5 dB noise is -9.5340 dB, at 10 dB is -8.4122 dB, at 15 dB it is  

-7.8721 dB, at 20 dB it is -6.6732 dB, at 25 dB it is -4.8645 dB and at 30 dB it is         

-8.2303 dB.  
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 Method-2 has provided better results but the intelligibility of the speech signal 

is very less. From the results tabulated in Table: 6.8, 6.10 and 6.14 using method-2 

(First enhancement and then compression), it is clear that Recursive filter has 

provided much better results than Spectral Subtraction method and Kalman filter 

method. However even Recursive filter method have failed to produce good results.  

 

So it is then decided to compare the results of both the methods. The following 

are the observations made from Table: 6.12 and Table: 6.14 are as follows: 

 

When the noise level is at 2 dB the output SNR using method-1 is 1.1450 dB 

and using method-2 is -9.2398 dB, at 5 dB the output SNR using method-1 is 4.9723 

dB and using method-2 is -9.5340 dB, at 10 dB the output SNR using method-1 is 

5.7459 dB and using method-2 is -8.4122 dB, at 15 dB the output SNR using method 

-1 is 3.9243 dB and using method-2 is -7.8721 dB, at 20 dB the output SNR using 

method-1 is 1.3260 dB and using method-2 is -6.6732 dB, at 25 dB the output SNR 

using method-1 is -2.8461 dB and using method-2 is -4.8645 dB and at 30 dB the 

output SNR using method-1 is -7.2963 dB and using method-2 is -8.2303 dB. As per 

the observations, it can be concluded that method-2 have produced very low SNR (in 

dB) and hence method -2 is not able to provide Quality and Intelligibility of the 

signal. 

Further, it is then decided to calculate Mean Opinion Score (MOS) from the 

Voice samples which are generated and stored for the above said noise levels 

Table: 6.15 MOS of the Recursive Filter using method-2. 

White 

Gaussian noise 

level 

Recursive filter  

EX 

5 

GOOD 

4 

FAIR 

3 

POOR 

2 

BAD 

1 

2dB  2 19 9  

5dB   10 12 8 

10dB   6 15 9 

15dB   4 11 15 

20dB   1 12 17 

25dB    5 25 

30dB    3 27 
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From the results it is observed that Signal to Noise Ratio of Recursive filter is 

poor. From the Table: 6.15 it can be concluded that for 2 dB, 2 people have rated it as 

‘GOOD’, 19 people have rated ‘FAIR’, 9 people have rated as ‘POOR’, and none 

have rated it as ‘EXCELLENT ‘or ‘BAD’. This shows that the response of the filter is 

‘FAIR’ at this noise level. 

 

For 5 dB noise level, 10 people have rated ‘FAIR’, 12 people have rated as 

‘POOR’, 8 people have rated it has ‘BAD’ and none have rated it as ‘EXCELLENT’ 

or ‘GOOD’. This shows that the response of the filter is ‘FAIR’ at this noise level. 

 

For 10 dB noise level, 6 people have rated ‘FAIR’, 15 people have rated as 

‘POOR’, 9 people have rated it has ‘BAD’ and none have rated it as ‘EXCELLENT 

or ‘GOOD’. This shows that the response of the filter is ‘POOR’ at this noise level. 

 

For 15 dB noise level, 4 people have rated ‘FAIR’, 11 people have rated as 

‘POOR’, 15 people have rated it has ‘BAD’ and none have rated it as ‘EXCELLENT’ 

or ‘GOOD’. This shows that the response of the filter is BAD’ at this noise level. 

 

For 20 dB noise level, 1 person have rated ‘FAIR’, 12 people have rated as 

‘POOR’, 17 people have rated it has ‘BAD’ and none have rated it as ‘EXCELLENT’ 

or ‘GOOD’. This shows that the response of the filter is ‘BAD’ at this noise level. 

 

For 25 dB noise level, 5 people have rated as ‘POOR’, 25 people have rated it 

has ‘BAD’ and none have rated it as ‘EXCELLENT’,‘GOOD’ or ‘FAIR’. This shows 

that the response of the filter is ‘BAD’ at this noise level. 

 

For 30 dB noise level, 3 people have rated as ‘POOR’, 27 people have rated it 

has ‘BAD’ and none have rated it as ‘EXCELLENT’,‘GOOD’ or ‘FAIR’. This shows 

that the response of the filter is ‘BAD’ at this noise level. 

 

After looking into SNR and MOS from Table: 6.14 and Table: 6.15, it can be 

concluded that the speech quality is not maintained and there is a presence of Noise 

component even at low dB’s and it is also observed that the average response of the 

pupil is ‘BAD’. 
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After looking into the performance of these filters, it is further decided to 

incorporate Real world Noise signals which have a high impact on the listener. So the 

research has been further continued to analyze the Performance of speech signal 

corrupted by Real world background noises like “Factory noise, Fire Engine noise, 

Machine Gun noise, Vehicle noise, Ambulance noise, pink noise, traffic noise and 

Volvo bus noise etc.,” using the method-1 of “First compression and then 

enhancement” and method-2 of “First enhancement and then compression”.  

 

The performance and Quality of the Speech signal is measured in terms of 

Signal to Noise Ratio (SNR) in dB and Mean Opinion Score (MOS). 

 

b) Method-1:  FIRST COMPRESSION AND THEN ENHANCEMENT WITH 

REAL WORLD NOISE 

First, method-1 of “First compression and then enhancement” is implemented. 

The uncompressed input speech signal is corrupted by Real world background noise 

like “Factory noise, Fire Engine noise, Machine Gun noise, Vehicle noise, Ambulance 

noise, Destroyer noise, Pink noise, Traffic noise and Volvo bus noise etc.,” is 

compressed using MSVQ technique and the response of the compressed noisy speech 

signal with reference to SNR is calculated and tabulated below in Table: 6.16.  

 

These compressed noisy speech signals are then enhanced using  

1. Spectral Subtraction method, 

2. Kalman filter method, and 

3. Recursive filter method. 

The response of all the filters are tabulated below in Table: 6.16 below 
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Table: 6.16 SNR of Real world noise signals with First compression and then 

Enhancement 

Type 

 of 

Real world 

Noise 

SNR in dB SNR in dB 

After 

Compression 

using MSVQ 

Enhancement 

Using Spectral 

Subtraction 

Enhancement 

using 

Kalman filter 

Enhancement 

using 

Recursive filter. 

Factory -23.3076 -10.0212 -1.8995 1.9826 

Fire engine -22.2793 -4.9626 -0.9811 2.1620 

Machine gun -17.6370 -10.7221 -2.4542 3.3428 

Vehicle -22.1860 -5.5831 -1.0939 2.2012 

Volvo Bus -19.7961 -10.5267 -1.7625 2.3672 

Destroyer -19.0281 -9.6162 -1.9552 2.0863 

ambulance -6.2175 2.7582 -5.1384 3.5629 

Pink -16.7981 -9.1724 -1.9827 2.7649 

Traffic -20.7846 -11.9805 -1.7760 1.8141 

 

 Factory noise:   

 Speech signal is corrupted by “Factory noise” and passed through compression 

technique (MSVQ) to get compressed noisy speech signal. SNR of the compressed 

noisy speech signal is -23.3076 dB. If this compressed noisy speech signal is 

enhanced using Spectral Subtraction method the SNR is -10.0212 dB.  

The responses are plotted in Figure: 6.7 

 

Figure: 6.7 Graphical representations of performance comparisons of SNR   (in  dB) 

for Factory Noise 
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 If it is enhanced using Kalman filter method, then the SNR is -1.8995 dB, 

which is a good response when compared with Spectral Subtraction method. If the 

same signal is enhanced using recursive filter then the SNR is 1.9826 dB.  

 

Figure: 6.7 shows a wide variation in responses of enhancement techniques. 

Hence it is concluded that Recursive filter was able to enhance the compressed noisy 

signal corrupted by Factory noise. 

 

 Fire engine noise: 

  

 Speech signal is corrupted by “Fire engine noise” and passed through 

compression technique (MSVQ) to get compressed noisy speech signal. SNR of the 

compressed noisy speech signal is -22.2793 dB. This compressed noisy speech signal 

is enhanced using Spectral Subtraction method and SNR is -4.9626 dB, if it is 

enhanced using Kalman filter method, then the SNR is -0.9811 dB, which is a good 

response when compared with Spectral Subtraction method. If the same signal is 

enhanced using recursive filter then the SNR is 2.1620 dB.  

The responses are plotted in Figure: 6.8 

 

 

Figure: 6.8 Graphical representations of performance comparisons of SNR (in  dB) 

for Fire engine noise 
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Figure: 6.8 shows a wide variation in response of enhancement techniques. All 

the filter responses are good, in the sense that, the amount of enhancement provided 

by the filters are more. Hence it is also concluded that Recursive filter was able to 

enhance the compressed noisy signal corrupted by Fire engine noise. 

 

 Machine gun noise: 

 

Speech signal is corrupted by “Machine gun noise” and passed through 

compression technique (MSVQ) to get compressed noisy speech signal. SNR of the 

compressed noisy speech signal is -17.6370 dB. This compressed noisy speech signal 

is enhanced using Spectral Subtraction method and SNR is -10.7221 dB, if it is 

enhanced using Kalman filter method, then the SNR is -2.4542 dB, which is a good 

response when compared with Spectral Subtraction method. If the same signal is 

enhanced using recursive filter then the SNR is 3.3428 dB.  

The responses are plotted in Figure: 6.9 

 

Figure: 6.9 Graphical representations of performance comparisons of SNR (in  dB) 

for Machine gun noise 

 

Figure: 6.9 shows, less variation in responses of enhancement techniques. The 

response of Spectral Subtraction method and Kalman filter methods are not 

appriciable, in the sence that, the amount of enhancement provided by the filters are 
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less. But  Recursive filter was able to enhance the compressed noisy signal corrupted 

by Machine gun noise. 

 

 Vehicle noise: 

 Speech signal is corrupted by “Vehicle noise” and passed through 

compression technique (MSVQ) to get compressed noisy speech signal. SNR of the 

compressed noisy speech signal is -22.1860 dB. This compressed noisy speech signal 

is enhanced using Spectral Subtraction method and SNR is -5.5831 dB, if it is 

enhanced using Kalman filter method, then the SNR is -1.0939 dB, which is a good 

response when compared with Spectral Subtraction method. But, if the signal is 

enhanced using Recursive filter then the SNR is 2.2012 dB. The responses are plotted 

in Figure: 6.10 

 

 

Figure: 6.10 Graphical representations of performance comparisons of SNR (in  dB) 

for Vehicle noise 

 

Figure: 6.10 shows a better variation in responses of enhancement techniques. 

The response of Spectral Subtraction method and Kalman filter methods are 

appriciable, in the sence that, the amount of enhancement provided by the filters are 

better. But  Recursive filter was able to enhance the compressed noisy signal 

corrupted by Vehicle noise. 
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 Volvo Bus noise: 

Speech signal is corrupted by “Volvo Bus noise” and passed through 

compression technique (MSVQ) to get compressed noisy speech signal. SNR of the 

compressed noisy speech signal is -19.7961 dB. This compressed noisy speech signal 

is enhanced using Spectral Subtraction method and SNR is -10.5267 dB, if it is 

enhanced using Kalman filter method, then the SNR is -1.7625 dB, which is a good 

response when compared with Spectral Subtraction method. But, if the signal is 

enhanced using Recursive filter then the SNR is 2.3672 dB. The responses are plotted 

in Figure: 6.11. 

 

Figure: 6.11 shows a less variation in responses of enhancement techniques 

with reference to compressed signal. The response of Spectral Subtraction method and 

Kalman filter methods are appriciable, in the sence that, the amount of enhancement 

provided by the filters are better. But  Recursive filter was able to enhance the 

compressed noisy signal corrupted by Volvo Bus noise. 

 

 

Figure: 6.11 Graphical representations of performance comparisons of SNR (in  dB) 

for Volvo Bus noise 

 Destroyer noise: 

 Speech signal is corrupted by “Destroyer noise” and passed through 

compression technique (MSVQ) to get compressed noisy speech signal. SNR of the 

compressed noisy speech signal is -19.0281 dB. This compressed noisy speech signal 

is enhanced using Spectral Subtraction method and SNR is -9.6162 dB, if it is 



106 

 

enhanced using Kalman filter method, then the SNR is -1.9552 dB, which is a good 

response when compared with Spectral Subtraction method. But, if the signal is 

enhanced using Recursive filter then the SNR is 2.0863 dB. The responses are plotted 

in Figure: 6.12: 

 

Figure: 6.12 Graphical representations of performance comparisons of SNR 

(in  dB) for Destroyer noise 

 

Figure: 6.12 shows the SNR of enhancement techniques has a less variation in 

responses after compression. The response of Spectral Subtraction method and 

Kalman filter methods are not appriciable, in the sence that, the amount of 

enhancement provided by the filters are not much better. But  Recursive filter was 

able to enhance the compressed noisy signal corrupted by Destroyer noise. 

 

 Ambulance noise: 

When the speech signal is corrupted by “Ambulance noise” and passed 

through compression technique (MSVQ) to get compressed noisy speech signal. SNR 

of the compressed noisy speech signal is -6.2175 dB. This compressed noisy speech 

signal is enhanced using Spectral Subtraction method and SNR is 2.7582 dB, if it is 

enhanced using Kalman filter method, then the SNR is -5.1384 dB, which is a good 

response when compared with Spectral Subtraction method. But, if the signal is 

enhanced using Recursive filter then the SNR is 3.5629 dB. The responses are plotted 

in Figure: 6.13: 
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Figure: 6.13 Graphical representations of performance comparisons of SNR (in  dB) 

for Ambulance noise  

 

Figure: 6.13 shows the SNR of enhancement  and compression technique. 

From the figure it is observed that the response of the Spectral Subtraction method is 

much better than Kalman filter method. It is observed that Spectral Subtraction 

method has produced 2.7582 dB, where as Kalman filter has provided -5.1384  dB.  

But, Recursive filter was able to enhance the compressed noisy signal 

corrupted by Destroyer noise to 3.5629 dB. 

 

 Pink noise: 

When the speech signal is corrupted by “Pink noise” and passed through 

compression technique (MSVQ) to get compressed noisy speech signal. SNR of the 

compressed noisy speech signal is -16.7981 dB. This compressed noisy speech signal 

is enhanced using Spectral Subtraction method and SNR is -9.1724 dB, if it is 

enhanced using Kalman filter method, then the SNR is -1.9827 dB, which is a good 

response when compared with Spectral Subtraction method. But, if the signal is 

enhanced using Recursive filter then the SNR is 2.7649 dB. The responses are plotted 

in Figure: 6.13 
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Figure: 6.14 Graphical representations of performance comparisons of SNR (in dB) 

for Pink noise  

 Traffic noise: 

When the speech signal is corrupted by “Traffic noise” and passed through 

compression technique (MSVQ) to get compressed noisy speech signal. SNR of the 

compressed noisy speech signal is -20.7846 dB. This compressed noisy speech signal 

is enhanced using Spectral Subtraction method and SNR is -11.9805 dB, if it is 

enhanced using Kalman filter method, then the SNR is -1.7760 dB, which is a good 

response when compared with Spectral Subtraction method. But, if the signal is 

enhanced using Recursive filter then the SNR is 1.8141 dB. The responses are plotted 

in Figure: 6.13 and response is better. 

 

 

Figure: 6.15 Graphical representations of performance comparisons of SNR (in  dB) 

for Traffic noise 
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Upon calculating and comparing the responses of the enhancements methods, 

it is concluded that Recursive filter has provided better response for all types Real 

world noise signals that are used in this research. However it is also clear that even 

Recursive filter is not able to eliminate the noise completely. Hence the Signal to 

noise ratio(in dB) is not very high to say that noise is eliminated. It is true that 

Recursive filter method which was proposed has produced better results than the 

existing techniques like Spectral Subtraction and Kalman filter. 

 

After going through the process, it is then decided to calculate Mean Opinion 

Score (MOS) by taking into consideration of minimum of 30 people (both male and 

female) to grade output speech signal by listening to voice samples and  rate them as 

Excellent-5, Good-4, Fair-3, Poor-2, Bad-1. 

 

The following are the ratings given by the people and are tabulated in Table: 

6.17 as shown below: 
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Table: 6.17   MOS of Real world noise signals with ‘First compression and then Enhancement’ 

 

A

  

 

 

 

 

 

 

 

 

 

 

 

 

 

m

A minimum of 30 people (both male and female) has been used to grade speech by listening to voice samples and rated as Excellent-5, Good-4, 

Fair-3, Poor-2, Bad-1. 

Type of 

Real world 

Noise. 

Spectral Subtraction Kalman filter Recursive filter (Proposed) 

EX 

5 

GOOD 

4 

FAIR 

3 

POOR 

2 

BAD 

1 

EX 

5 

GOOD 

4 

FAIR 

3 

POOR 

2 

BAD 

1 

EX 

5 

GOOD 

4 

FAIR 

3 

POOR 

2 

BAD 

1 

Factory   2 20 8  12 17 1   16 13 1  

Fire engine  5 17 6 2  16 14   1 17 12   

Machine 

gun 
  2 20 8  9 15 6  5 19 6   

Vehicle  4 18 6 2  11 18 1  4 18 7 1  

Volvo Bus   2 20 8  12 18   7 15 6 2  

Destroyer   2 24 4  5 14 10 1 2 13 12 3  

Ambulance  18 9 3   5 16 9  9 18 3   

Pink   2 24 4  13 16 1  6 17 7   

Traffic   2 17 11  12 14 4   12 15 3  
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When the speech signal is corrupted by Factory noise and if it is enhanced by 

Spectral Subtraction method then it ratings are: only 2 people have rated ‘FAIR’, 20 

people have rated ‘POOR’ and 8 people have rated ’BAD’. This tells that the 

performance is ‘POOR’.  

 

In case of Kalman filter, 12 people have rated ‘GOOD’, 17 people have rated 

‘FAIR’ and only 1person has rated ’POOR’. So the performance can be considered as 

‘BETTER’. 

 

In case of Recursive filter, 16 people have rated ‘GOOD’, 13 people have 

rated ‘FAIR’ and only 1person has rated ’POOR’. So the performance can be 

considered as ‘GOOD’. 

 

When the speech signal is corrupted by Fire engine noise and if it is enhanced 

by Spectral Subtraction method then it ratings are: 5 people have rated ‘GOOD’ 17 

people have rated ‘FAIR’, 6 people have rated ‘POOR’ and 2 people have rated 

’BAD’. This tells that the performance is ‘FAIR’.  

 

In case of Kalman filter, 16 people have rated ‘GOOD’, 14 people have rated 

‘FAIR’. So the performance can be considered as ‘GOOD’. 

 

In case of Recursive filter, 1 person has rated ’EXCELLENT’, 17 people have 

rated ‘GOOD’, 12 people have rated ‘FAIR’ and only 1person has rated ’POOR’. So 

the performance can be considered as ‘GOOD’. 

 

When the speech signal is corrupted by Machine gun noise and if it is 

enhanced by Spectral Subtraction method then it ratings are: 2 people have rated 

‘FAIR’, 20 people have rated ‘POOR’ and 8 people have rated ’BAD’. This tells that 

the performance is ‘POOR’.  

 

In case of Kalman filter, 9 people have rated ‘GOOD’, 15 people have rated 

‘FAIR’ and 6 people have rated ’POOR’. So the performance can be considered as 

‘FAIR’. 
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In case of Recursive filter, 5 people have rated ’EXCELLENT’, 19 people 

have rated ‘GOOD’, 6 people have rated ‘FAIR’. So the performance can be 

considered as ‘GOOD’ 

 

When the speech signal is corrupted by Vehicle noise and if it is enhanced by 

Spectral Subtraction method then it ratings are: 4 people have rated ‘GOOD’, 18 

people have rated ‘FAIR’, 6 people have rated ‘POOR’ and 2 people have rated 

’BAD’. This tells that the performance is ‘FAIR’.  

 

In case of Kalman filter, 11 people have rated ‘GOOD’, 18 people have rated 

‘FAIR’ and 1person have rated ’POOR’. So the performance can be considered as 

‘FAIR’.  

 

In case of Recursive filter, 4 people have rated ’EXCELLENT’, 18 people 

have rated ‘GOOD’, 7 people have rated ‘FAIR’ and 1 person has rated ’BAD’. So 

the performance can be considered as ‘GOOD’ 

 

When the speech signal is corrupted by Volvo bus noise and if it is enhanced 

by Spectral Subtraction method then it ratings are: 2 people have rated ‘FAIR’, 20 

people have rated ‘POOR’ and 8 people have rated ’BAD’. This tells that the 

performance is ‘POOR’.  

 

In case of Kalman filter, 12 people have rated ‘GOOD’, 18 people have rated 

‘FAIR’. So the performance can be considered as ‘FAIR’.  

 

In case of Recursive filter, 7 people have rated ’EXCELLENT’, 15 people 

have rated ‘GOOD’, 6 people have rated ‘FAIR’ and 2 people have rated ’BAD’. So 

the performance can be considered as ‘GOOD’. 

 

When the speech signal is corrupted by Destroyer noise and if it is enhanced 

by Spectral Subtraction method then it ratings are: 2 people have rated ‘FAIR’, 24 

people have rated ‘POOR’ and 4 people have rated ’BAD’. This tells that the 

performance is ‘POOR’.  
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In case of Kalman filter, 5 people have rated ‘GOOD’, 14 people have rated 

‘FAIR’ , 10 people have rated ‘POOR’ and 1 person has rated ’BAD’. So the 

performance can be considered as ‘FAIR’.  

 

In case of Recursive filter, 2 people have rated ’EXCELLENT’, 13 people 

have rated ‘GOOD’, 12 people have rated ‘FAIR’ and 3 people have rated ’BAD’. So 

the performance can be considered as ‘GOOD’ 

 

When the speech signal is corrupted by Ambulance noise and if it is enhanced 

by Spectral Subtraction method then it ratings are: 18 people have rated ‘GOOD’, 9 

people have rated ‘FAIR’, and 3 people have rated ‘POOR’. This tells that the 

performance is ‘GOOD’.  

 

In case of Kalman filter, 5 people have rated ‘GOOD’, 16 people have rated 

‘FAIR’, and 9 people have rated ‘POOR’. So the performance can be considered as 

‘FAIR’.  

 

In case of Recursive filter, 9 people have rated ’EXCELLENT’, 18 people 

have rated ‘GOOD’ and 3 people have rated ‘FAIR’. So the performance can be 

considered as ‘GOOD’. 

 

When the speech signal is corrupted by Pink noise and if it is enhanced by 

Spectral Subtraction method then it ratings are: 2 people have rated ‘FAIR’, 24 people 

have rated ‘POOR’ and 4 people have rated ’BAD’. This tells that the performance is 

‘POOR’.  

 

In case of Kalman filter, 13 people have rated ‘GOOD’, 16 people have rated 

‘FAIR’ and 1 person rated ‘POOR’. So the performance can be considered as 

‘BETTER’.  

 

In case of Recursive filter, 6 people have rated ’EXCELLENT’, 17 people 

have rated ‘GOOD’ and 7 people have rated ‘FAIR’. So the performance can be 

considered as ‘GOOD’. 
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When the speech signal is corrupted by Traffic noise and if it is enhanced by 

Spectral Subtraction method then it ratings are: 2 people have rated ‘FAIR’, 17 people 

have rated ‘POOR’ and 11 people have rated ’BAD’. This tells that the performance 

is ‘POOR’.  

 

In case of Kalman filter, 12 people have rated ‘GOOD’, 14 people have rated 

‘FAIR’ and 4 people rated ‘POOR’. So the performance can be considered as 

‘BETTER’.  

 

In case of Recursive filter, 12 people have rated ‘GOOD’ 15 people have rated 

‘FAIR’ and 3 people have rated ‘POOR’. So the performance can be considered as 

‘GOOD’. 

 

From the Mean Opinion Score(MOS) obtained for all Real world noise signal 

it is observed that the audibility of voice signals rated for Kalman filter is ‘FAIR’, 

Spectral Subtraction method is mostly ‘POOR’ and ‘BAD’ and in case of Recursive 

filter the response of majority of the pupil are ‘GOOD’ and ‘FAIR’ 

 

Even after confirming that method-2 is not preferred but it was tested again to 

check whether there is any change in the response of the filter for real world noise 

signals 

. 

 The following are the results obtained and tabulated in Table: 6.18 below and 

the performance comparisons are graphically shown in the figures: 6.16 to 6.24. 
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c) Method-2:  FIRST ENHANCEMENT AND THEN COMPRESSION 

WITH REAL WORLD NOISE 

Table: 6.18 SNR of Real world noise signals with First Enhancement and then 

compression. 

Type of 

Real world 

Noise 

SNR in  dB SNR in  dB SNR in  dB 

Enhancement 

Using Spectral 

Subtraction 

Compression 

using MSVQ 

 

Enhancement 

Using Kalman 

filter 

Compression 

using MSVQ 

 

Enhancement 

using 

Recursive 

filter 

Compression 

using MSVQ 

Factory 6.5319 -2.0368 -0.5639 -24.6749 11.1347 -5.5736 

Fire engine 9.2866 -7.9441 0.6593 -17.4062 10.7685 -4.8721 

Machine 

Gun 
7.7055 -6.1596 -6.5438 -11.6757 12.4997 -1.1432 

Vehicle 7.8662 -3.0231 1.1995 -20.1116 12.3422 -2.4732 

Volvo Bus 9.5658 -9.661 -0.2836 -11.1015 10.8954 -9.4538 

Destroyer 4.4402 -1.2996 -0.4268 -24.0130 10.5612 -1.0122 

Ambulance 7.2054 -3.8468 -6.4231 -22.1753 13.4582 -1.3250 

Pink 8.7058 -4.2466 -0.1117 -21.1367 11.7547 -2.1330 

Traffic 9.9520 -6.2087 -0.2336 -16.5765 13.7116 -1.9830 

 

From the Table: 6.18 it is observed that results are not convincing and yet 

there is something to discuss because the response of the filters is depending on the 

type of the noise and its characteristics. So it needs to be described elaborately.    

 

Figure: 6.16 Graphical representations of performance comparisons of SNR (in dB) 

for Factory noise 
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From the Figure: 6.16, it is observed that when the speech signal is corrupted 

by Factory noise and if it is enhanced using Spectral Subtraction, then the enhanced 

signal has SNR of 6.5319 dB and later if it is compressed the SNR is -2.0368, if it is 

enhanced using Kalman filter method, then the enhanced signal has SNR of -0.5639  

dB and later if it is compressed the SNR is -24.6749 dB which is not an appropriate 

value and if it is enhanced using Recursive filter method, then the enhanced signal has 

SNR of 11.1347 dB and later if it is compressed the SNR is -5.5736 dB. During this 

process of comparison it is observed that Spectral Subtraction method has produced 

good results, but the output is compressed noisy speech, which is not recognizable. 

 

Figure: 6.17 Graphical representations of performance comparisons of SNR (in  dB) 

for Fire Engine noise 

 

From the Figure: 6.17, it is observed that when the speech signal is corrupted 

by Fire Engine noise and if it is enhanced using Spectral Subtraction, then the 

enhanced signal has SNR of 9.2866 dB and later if it is compressed the SNR is -

7.9441 dB, if it is enhanced using Kalman filter method, then the enhanced signal has 

SNR of 0.6593 dB and later if it is compressed the SNR is -17.4062 dB which is not 

an appropriating value and if it is enhanced using Recursive filter method, then the 

enhanced signal has SNR of 10.7685 dB and later if it is compressed the SNR is         

-4.8721 dB. During this process of comparison it is observed that recursive filter 

method has produced fair results, but the output is more noisy speech signal. 
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Figure: 6.18 Graphical representations of performance comparisons of SNR (in  dB) 

for Machine gun noise 

 

 From the Figure: 6.18, it is observed that when the speech signal is 

corrupted by Machine gun noise and if it is enhanced using Spectral Subtraction 

method, then the enhanced signal has SNR of 7.7055 dB and later if it is compressed 

the SNR is -6.1596 dB, if it is enhanced using Kalman filter method, then the 

enhanced signal has SNR of -6.5438 dB and later if it is compressed the SNR is          

-11.6757 dB and if it is enhanced using Recursive filter method, then the enhanced 

signal has SNR of 12.4997 dB and later if it is compressed the SNR is -1.1432 dB. 

During this process of comparison it is observed that Recursive filter method has 

produced fair results, but the output is more noisy speech signal. 

 

Figure: 6.19 Graphical representations of performance comparisons of SNR (in  dB) 

for Vehicle noise 
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From the Figure: 6.19, it is observed that when the speech signal is corrupted 

by Vehicle noise and if it is enhanced using Spectral Subtraction method, then the 

enhanced signal has SNR of 7.8662 dB and later if it is compressed the SNR is -

3.0231 dB, if it is enhanced using Kalman filter method, then the enhanced signal has 

SNR of 1.1995  dB and later if it is compressed the SNR is -20.1116 dB and if it is 

enhanced using Recursive filter method, then the enhanced signal has SNR of 12.3422 

dB and later if it is compressed the SNR is -2.4732 dB. Recursive filter method has 

produced fair results, but the output is noisier.  

 

 

Figure: 6.20 Graphical representations of performance comparisons of SNR (in  dB) 

for Volvo bus noise 

 

From the Figure: 6.20, it is observed that when the speech signal is corrupted 

by Volvo bus noise and if it is enhanced using Spectral Subtraction method, then the 

enhanced signal has SNR of 9.5658 dB and later if it is compressed the SNR is -9.661  

dB, if it is enhanced using Kalman filter method, then the enhanced signal has SNR of 

-0.2836  dB and later if it is compressed the SNR is -11.1015 dB and if it is enhanced 

using Recursive filter method, then the enhanced signal has SNR of 10.8954 dB and 

later if it is compressed the SNR is -9.4538 dB. Recursive filter method has produced 

fair results and is close to Spectral Subtraction method, but the output is noisier.  
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Figure: 6.21 Graphical representations of performance comparisons of SNR (in  dB) 

for Destroyer noise 

 

From the Figure: 6.21, it is observed that when the speech signal is corrupted 

by Destroyer noise and if it is enhanced using Spectral Subtraction method, then the 

enhanced signal has SNR of 4.4402 dB and later if it is compressed the SNR is -

1.02996 dB, if it is enhanced using Kalman filter method, then the enhanced signal 

has SNR of -0.4268 dB and later if it is compressed the SNR is -24.013 dB and if it is 

enhanced using Recursive filter method, then the enhanced signal has SNR of 10.5612  

dB and later if it is compressed the SNR is -1.0122 dB. Recursive filter method has 

produced results and is close to Spectral Subtraction method, but the output is noisier.  

 

 

Figure: 6.22 Graphical representations of performance comparisons of SNR (in  dB) 

for Ambulance noise 
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From the Figure: 6.22, it is observed that when the speech signal is corrupted 

by Ambulance noise and if it is enhanced using Spectral Subtraction method, then the 

enhanced signal has SNR of 7.2054 dB and later if it is compressed the SNR is           

-3.8468 dB, if it is enhanced using Kalman filter method, then the enhanced signal has 

SNR of -6.4231 dB and later if it is compressed the SNR is -22.1753 dB and if it is 

enhanced using Recursive filter method, then the enhanced signal has SNR of 13.4582  

dB and later if it is compressed the SNR is -1.325 dB. Recursive filter method has 

produced result and is noisier.  

 

 

Figure: 6.23 Graphical representations of performance comparisons of SNR (in  dB) 

for Pink noise 

 

From the Figure: 6.23, it is observed that when the speech signal is corrupted 

by Pink noise and if it is enhanced using Spectral Subtraction method, then the 

enhanced signal has SNR of 8.7058 dB and later if it is compressed the SNR is           

-4.2466 dB, if it is enhanced using Kalman filter method, then the enhanced signal has 

SNR of -0.1117 dB and later if it is compressed the SNR is -21.1367 dB and if it is 

enhanced using Recursive filter method, then the enhanced signal has SNR of 11.7547  

dB and later if it is compressed the SNR is -2.133 dB and the results are much noisier. 
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Figure: 6.24 Graphical representations of performance comparisons of SNR (in  dB) 

for Traffic noise 

 

From the Figure: 6.24, it is observed that when the speech signal is corrupted 

by Traffic noise and if it is enhanced using Spectral Subtraction method, then the 

enhanced signal has SNR of 9.952  dB and later if it is compressed the SNR is            

-6.2087  dB, if it is enhanced using Kalman filter method, then the enhanced signal 

has SNR of -0.2336  dB and later if it is compressed the SNR is -16.5765  dB and if it 

is enhanced using Recursive filter method, then the enhanced signal has SNR of 

13.7116  dB and later if it is compressed the SNR is -1.983  dB and the results are 

much noisier. 

 

Finally, it can be concluded that Kalman filter method has produced worst 

results and the speech is not recognized and hence it is proved that method-2 has not 

produced the results that was expected. 
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A minimum of 30 people (both male and female) has been used to grade speech by listening to voice samples and rated as Excellent-5, 

Good-4, Fair-3, Poor-2, Bad-1 and are tabulated below. 

Table: 6.19 MOS comparison of Real world Noise signals using method-2 

Type of 

Real world 

Noise 

Spectral Subtraction method Kalman filter method Recursive Filter method 

EX 

5 

GOOD 

4 

FAIR 

3 

POOR 

2 

BAD 

1 

EX 

5 

GOOD 

4 

FAIR 

3 

POOR 

2 

BAD 

1 

EX 

5 

GOOD 

4 

FAIR 

3 

POOR 

2 

BAD 

1 

Factory  2 14 14     7 23   11 15 4 

Fire engine   9 12 9    9 21   13 17  

Machine 

gun 

  10 12 8    11 19 
  12 16 2 

Vehicle  1 13 16     8 22   5 18 7 

Volvo Bus   14 12 4    10 20   2 18 10 

Destroyer   5 16 9    6 24    18 12 

Ambulance    7 18 5    8 22   7 14 9 

Pink   6 17 7    9 21  1 9 13 7 

Traffic   4 19 7    8 22  1 8 19 2 
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When the speech signal is corrupted by Factory noise and if it is enhanced by 

Spectral Subtraction method and compressed using MSVQ technique, then the ratings 

are: 2 people have rated ‘GOOD’, 14 people have rated ‘FAIR’, 14 people have rated 

‘POOR’. So the performance can be considered as ‘FAIR’. 

In case of Kalman filter method, 7 people have rated ‘POOR’ and 23 people 

have rated ’BAD’ So the performance can be considered as ‘BAD’. 

In case of Recursive filter, 11 people have rated ‘FAIR’, 15 people have rated 

‘POOR’ and 4 people have rated ’BAD’. So the performance can be considered as 

‘FAIR’. 

 

When the speech signal is corrupted by Fire engine noise and if it is enhanced 

by Spectral Subtraction method and compressed using MSVQ technique, then the  

ratings are: 9 people have rated ‘FAIR’, 12 people have rated ‘POOR’ and 9 people 

have rated ’BAD’. So the performance can be considered as ‘FAIR’.  

In case of Kalman filter method, 9 people have rated ‘POOR’ and 21 people 

have rated ’BAD’ So the performance can be considered as ‘BAD’  

In case of Recursive filter, 13 people have rated ‘FAIR’ and 17 people have 

rated ‘POOR’. So the performance can be considered as ‘POOR’. 

 

When the speech signal is corrupted by Machine gun noise and if it is 

enhanced by Spectral Subtraction method and compressed using MSVQ technique, 

then the  ratings are: 10 people have rated ‘FAIR’, 12 people have rated ‘POOR’ and 

8 people have rated ’BAD’. So the performance can be considered as ‘POOR’.  

In case of Kalman filter method, 11people have rated ‘POOR’ and 19 people 

have rated ’BAD’ So the performance can be considered as ‘BAD’  

In case of Recursive filter, 12 people have rated ‘FAIR’, 16 people have rated 

‘POOR’ and 2 people have rated ’BAD’. So the performance can be considered as 

‘POOR’. 

 

When the speech signal is corrupted by Vehicle noise and if it is enhanced by 

Spectral Subtraction method and compressed using MSVQ technique, then the ratings 

are: 1 person has rated ‘GOOD’, 13 people have rated ‘FAIR’ and 16 people have 

rated ‘POOR’. So the performance can be considered as ‘POOR’.  
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In case of Kalman filter method, 8 people have rated ‘POOR’ and 22 people 

have rated ’BAD’ So the performance can be considered as ‘BAD’  

In case of Recursive filter, 5 people have rated ‘FAIR’, 18 people have rated 

‘POOR’ and 7 people have rated ’BAD’. So the performance can be considered as 

‘POOR’. 

 

When the speech signal is corrupted by Volvo bus noise and if it is enhanced 

by Spectral Subtraction method and compressed using MSVQ technique, then the 

ratings are: 14 people have rated ‘FAIR’, 12 people have rated ‘POOR’ and  4 people 

have rated ’BAD’. So the performance can be considered as ‘FAIR’.  

In case of Kalman filter method, 10 people have rated ‘POOR’ and 20 people 

have rated ’BAD’ So the performance can be considered as ‘BAD’  

In case of Recursive filter, 2 people have rated ‘FAIR’, 18 people have rated 

‘POOR’ and 10 people have rated ’BAD’. So the performance can be considered as 

‘POOR’. 

 

When the speech signal is corrupted by Destroyer noise and if it is enhanced 

by Spectral Subtraction method and compressed using MSVQ technique, then the 

ratings are: 5 people have rated ‘FAIR’, 16 people have rated ‘POOR’ and 9 people 

have rated ’BAD’. So the performance can be considered as ‘POOR’.  

In case of Kalman filter method, 6 people have rated ‘POOR’ and 24 people 

have rated ’BAD’ So the performance can be considered as ‘BAD’  

In case of Recursive filter, 18 people have rated ‘POOR’ and 12 people have 

rated ’BAD’. So the performance can be considered as ‘POOR’. 

 

When the speech signal is corrupted by Ambulance noise and if it is enhanced 

by Spectral Subtraction method and compressed using MSVQ technique, then the 

ratings are: 7 people have rated ‘FAIR’, 18 people have rated ‘POOR’ and 5 people 

have rated ’BAD’. So the performance can be considered as ‘POOR’.  

In case of Kalman filter method, 8 people have rated ‘POOR’ and 22 people 

have rated ’BAD’ So the performance can be considered as ‘BAD’  

In case of Recursive filter, 7 people have rated ‘FAIR’, 14 people have rated 

‘POOR’ and 9 people have rated ’BAD’. So the performance can be considered as 

‘POOR’. 
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When the speech signal is corrupted by Pink noise and if it is enhanced by 

Spectral Subtraction method and compressed using MSVQ technique, then the ratings 

are: 6 people have rated ‘FAIR’, 17 people have rated ‘POOR’ and 7 people have 

rated ’BAD’. So the performance can be considered as ‘POOR’.  

In case of Kalman filter method, 9 people have rated ‘POOR’ and 21 people 

have rated ’BAD’ So the performance can be considered as ‘BAD’  

In case of Recursive filter, 1 person has rated ‘GOOD’, 9 people have rated 

‘FAIR’, 13 people have rated ‘POOR’ and 7 people have rated ’BAD’. So the 

performance can be considered as ‘POOR’. 

 

When the speech signal is corrupted by Traffic noise and if it is enhanced by 

Spectral Subtraction method and compressed using MSVQ technique, then the ratings 

are: 4 people have rated ‘FAIR’ 19 people have rated ‘POOR’ and 7 people have 

rated ’BAD’. So the performance can be considered as ‘POOR’.  

In case of Kalman filter method, 8 people have rated ‘POOR’ and 22 people 

have rated ’BAD’ So the performance can be considered as ‘BAD’  

In case of Recursive filter, 1 person has rated ‘GOOD’, 8 people have rated 

‘FAIR’, 19 people have rated ‘POOR’ and 2 people have rated ’BAD’. So the 

performance can be considered as ‘POOR’. 

 

From the results it is observed that the Performance measure of Noisy speech 

signal corrupted by Real world noises like “Factory noise, Fire Engine noise, 

Machine Gun noise, Vehicle noise, Ambulance noise, Pink noise, Traffic noise and 

Volvo bus noise etc.” using the method of “First enhancement and then compression” 

has proved wrong. 

 

From the Mean Opinion Score(MOS) obtained for all Real world noise signals 

using method-2 it is observed that the audibility of voice signals rated for Spectral 

Subtraction method is mostly ‘POOR’, Kalman filter is ‘BAD’, and in case of 

Recursive filter, the response of majority of the pupil are ‘POOR’. 

 

Finally, it is concluded that First compression and then enhancement is the 

best method of enhancing the compressed noisy speech signal. 
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6. 3 PITCH AND FORMANTS ESTIMATION: 

 

The Quality of a sound is governed by the rate of vibration producing in it; the 

degree of highness or lowness of a tone. Pitch is a perceptual property that allows the 

ordering of sounds on a frequency-related scale. Pitch may be quantified as a 

frequency, but pitch is one of the basic physical properties. 

 

The variations of the fundamental frequency (pitch) of the speech utterance if 

that provide the contour, and then this can be used as a feature for speech recognition. 

The contour is divided into a set of segments and the measured pitch values are 

averaged over the whole segment. The vector that contains the average values of pitch 

of all segments is thereafter can be used as a feature for speaker recognition also. 

 

Formants are the distinguishing or meaningful frequency components of 

human speech. Formants are the spectral peaks of the sound spectrum of the voice. In 

speech processing, formant is also used to mean an acoustic resonance of the human 

vocal tract. 

 

Periodic excitation is seen in the spectrum of certain sounds, especially 

vowels. The speech organs can change their shapes to produce the vowel sound and 

therefore regions of resonance and anti resonance are formed in the vocal tract. The 

physical structure of the Formant values can change from person to person. These 

vowels can usually be easily distinguished by the frequency values of the first two or 

three formants, which are called F1, F2, and F3. For these reasons the monophthong 

vowels are often used to illustrate the concept of formants and all voiced phonemes 

have formants. Voiceless sounds will not have formants. 

 

The formant with the lowest frequency is called as formant F1, with next low 

frequency as second formant F2, and the highest is as third formant F3. Most of times 

the two first formants, F1 and F2, represent the vowel. The formants F1 and F2 

determine the quality of vowels which have traditionally associated with the position 

of the tongue. For an open vowel such as [a] the first formant F1 has a higher 

frequency and a closed vowels such as [i] or [u], the F1 has lower frequency the 
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second formant F2 has a higher frequency for a front vowel such as [i] and a lower 

frequency for a back vowel such as[u]. 

 

In the vowels, F1 can vary from 300 Hz to 1000 Hz. The lower it is, the closer 

the tongue is to the roof of the mouth. The vowel /i: / as in the word 'beet' has one of 

the lowest F1 value is 300 Hz; in contrast, the vowel /A/ as in the word 'bought' (or 

'Bob' in speakers who distinguish the vowels in the two words) has the highest F1 

value is 950   Hz. When these two vowels are pronounced then the tongue is 

configured. F2 can vary from 850 Hz to 2500 Hz; the F2 value is proportional to the 

front or back position of the tongue during the pronunciation of the vowel. In 

addition, lip rounding causes a lower formant F2 than with unrounded lips.  

 

For example, /i: / as in the word 'beet' has an F2 of 2200 Hz, the highest F2 of 

any vowel. This vowel operates with tip of the tongue and the lips around it. At the 

opposite extreme, /u/ as in the word 'boot' has an F2 of 850 Hz; in this vowel the 

tongue tip is very far back, and the lips are rounded.  

F3 is also important in determining the phonemic quality of a given speech 

sound and at the higher formants all these are thought to be significant in determining 

voice Quality.  

a) Speech Compression using MSVQ and Enhancement using Spectral 

Subtraction Method: 

Table: 6.20 Pitch and Formants estimation with White Gaussian noise at different dBs 

of Spectral Subtraction method. 

White 

Gaussian 

Noise in  dB 

 

Type of Signal 

 

Pitch 

(f0) Hz 

Formants(in  Hz) 

F1 

( Hz) 

F2 

( Hz) 

F3 

( Hz) 

 

2 dB 

Input Speech Signal 218 521 1172 1770 

Noisy Speech Signal 213 555 1215 1819 

Compressed Speech Signal 210 497 1141 1720 

Enhanced Speech Signal 190 575 1225 1839 

 

5 dB 

Input Speech Signal 218 521 1172 1770 

Noisy Speech Signal 186 524 1180 1770 

Compressed Speech Signal 217 552 1173 1773 
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Enhanced Speech Signal 204 488 1119 1707 

 

10 dB 

Input Speech Signal 218 521 1172 1770 

Noisy Speech Signal 175 473 1113 1736 

Compressed Speech Signal 169 527 1187 1783 

Enhanced Speech Signal 143 521 1143 1731 

 

15 dB 

Input Speech Signal 218 521 1172 1770 

Noisy Speech Signal 121.16 446 1087 1688 

Compressed Speech Signal 143.75 594 1263 1843 

Enhanced Speech Signal 179 512 1127 1700 

 

20 dB 

Input Speech Signal 218 521 1172 1770 

Noisy Speech Signal 925 456 1101 1686 

Compressed Speech Signal 145 658 1314 1904 

Enhanced Speech Signal 64 549 1163 1758 

 

25 dB 

Input Speech Signal 218 521 1172 1770 

Noisy Speech Signal 198 438 1063 1657 

Compressed Speech Signal 220 670 1294 1878 

Enhanced Speech Signal 112 580 1199 1785 

 

30 dB 

Input Speech Signal 218 521 1172 1770 

Noisy Speech Signal 76 499 1114 1711 

Compressed Speech Signal 219 643 1269 1850 

Enhanced Speech Signal 174.29 654 1253 1829 

 

From Table: 6.20 shows Pitch and Formants estimation with white Gaussian 

noise at different dB and enhancement using Spectral Subtraction method. The input 

speech signal has the pitch level of 218 Hz, when the signal is corrupted by white 

Gaussian noise at 2 dB then the pitch level have dropped to 213 Hz. If the noisy 

speech is compressed using MSVQ technique the pitch level have further dropped to 

210 Hz and when it is enhanced, there is decrease in the pitch value i.e., 190 Hz, and 

there is also a change in the formants, this confirms that the signal quality is not 

maintained. Hence signal level is less and noise levels are more. 

 

If the speech signal is corrupted by White Gaussian noise at 5 dB, then 

enhanced speech Signal has provided pitch value of 204 Hz which is a bit close to 
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pitch value of the input speech signal. Hence it can be concluded that the response it 

better after enhancement. Whereas in case of Formants the first formant F1 is 488 Hz, 

F2 is 1119 Hz and F3 is 1707 Hz, these formant levels may produce appropriate 

voiced phonemes. 

 

As the noise levels are increasing there is a high impact on the pitch levels of 

the speech signal. From the estimations it is also found at 20 dB and 25 dB the noise 

level the pitch are 64 Hz and 112 Hz. This speaks about the poor quality of the 

enhancement technique.  

 

 Therefore the results are appreciating up to 15 dB and there is a large change in Pitch 

and Formant levels beyond 15 dB.  

 

 Hence it can be concluded that, beyond 15  dB the Quality of speech signal is 

not maintained and is also proved and tabulated in terms of SNR and MOS in 

Table:6.4 and Table:6.5. 

 

b) Speech compression using MSVQ and Enhancement using Kalman filter: 

Table: 6.21 Pitch and Formants estimation with White Gaussian noise at different dBs 

of Kalman filter method. 

White 

Gaussian 

Noise in  

dB 

 

Type of Signal 

 

Pitch (f0) 

Hz 

Formants(in  Hz) 

F1 

( Hz) 

F2 

( Hz) 

F3 

( Hz) 

 

2 dB 

Input Speech Signal 218 521 1172 1770 

Noisy Speech Signal 202 557 1197 1810 

Compressed Speech Signal 168 569 1208 1815 

Enhanced Speech Signal 209 520 1235 1916 

 

5 dB 

Input Speech Signal 218 521 1172 1770 

Noisy Speech Signal 204 511 1158 1758 

Compressed Speech Signal 193 541 1204 1830 

Enhanced Speech Signal 194 594 1268 1967 

 Input Speech Signal 218 521 1172 1770 
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10 dB Noisy Speech Signal 164 536 1191 1795 

Compressed Speech Signal 176 545 1206 1805 

Enhanced Speech Signal 184 454 1112 1820 

 

15 dB 

Input Speech Signal 218 521 1172 1770 

Noisy Speech Signal 141 403 1058 1662 

Compressed Speech Signal 170 642 1288 1884 

Enhanced Speech Signal 185 462 1072 1782 

 

20 dB 

Input Speech Signal 218 521 1172 1770 

Noisy Speech Signal 142 519 1165 1766 

Compressed Speech Signal 145 626 1271 1851 

Enhanced Speech Signal 200 551 1225 1900 

 

25 dB 

Input Speech Signal 218 521 1172 1770 

Noisy Speech Signal 189 484 1119 1711 

Compressed Speech Signal 228 655 1285 1872 

Enhanced Speech Signal 245 834 1437 2061 

 

30 dB 

Input Speech Signal 218 521 1172 1770 

Noisy Speech Signal 194 472 1070 1655 

Compressed Speech Signal 162 686 1278 1873 

Enhanced Speech Signal 284 731 1395 1967 

 

 From Table: 6.21 shows Pitch and Formants estimation with white Gaussian 

noise at different dB and enhancement using Kalman filter method. The input speech 

signal has the pitch level of 218 Hz, when the signal is corrupted by white Gaussian 

noise at 2 dB then the pitch level of noisy speech signal have dropped to 209 Hz. The 

compressed speech signal has the pitch level of 168 Hz and enhanced noisy speech 

signal has 209 Hz. However first Formant F1 seems to be correlating with the input 

signal but there is large difference with second and third Formant.  

 

 When the speech signal is corrupted by white Gaussian noise of 5 dB then in 

this case the pitch, level have dropped to 194 Hz. However there is a change in the 

pitch, which can affect speech signal not to a greater extent. But it is also observed 

that there is a large difference in formants levels. There is an increase of F1 by 73 Hz, 



131 

 

F2 by 96 Hz and F3 by 197 Hz. Hence it can be concluded that quality of the signal is 

not maintained. 

 

 When the speech signal is corrupted by white Gaussian noise of 10 dB then in 

this case the pitch, level have dropped by 34 Hz. However there is a change in the 

pitch which can affect speech signal not to a greater extent. But it is also observed that 

there is a large difference in formants levels. There is decrease of F1 by 67 Hz, 

increase in F2 by 60 Hz and F3 by 50 Hz. Hence it can be concluded that response of 

the filter is better than 5 dB noise level. 

 

 When the speech signal is corrupted by white Gaussian noise of 15 dB then in 

this case the pitch, level have dropped by 33 Hz. However there is a change in the 

pitch which can affect speech signal not to a greater extent. But it is also observed that 

there is a large difference in formants levels. There is a decrease of F1 by 59 Hz, F2 

by 100 Hz and increase in F3 by 12 Hz. Hence it can be concluded that response of 

the filter is better than 5 dB and 10 dB noise levels. 

 

 When the speech signal is corrupted by white Gaussian noise of 20 dB then in 

this case the pitch, level have dropped by 18 Hz. However there is a change in the 

pitch which can affect speech signal not to a greater extent. But it is also observed that 

there is a large difference in formants levels. There is an increase of F1 by 30 Hz, F2 

by 53 Hz and increase in F3 by 130 Hz. Hence it can be concluded that response of 

the filter is poor when compared with 5 dB, 10 dB and 15 dB noise levels. 

  

 When the speech signal is corrupted by white Gaussian noise of 25 dB then in 

this case the pitch, level have increased by 27 Hz. However there is a change in the 

pitch which can affect speech signal to a greater extent. But it is also observed that 

there is a large difference in formants levels. There is an increase of F1 by 27 Hz, F2 

by 313 Hz and increase in F3 by 291 Hz. Hence it can be concluded that response of 

the filter is very poor when compared with 5 dB, 10 dB, 15 dB and 20 dB noise 

levels. 

  

 When the speech signal is corrupted by white Gaussian noise of 30 dB then in 

this case the pitch, level have increased by 66 Hz. However there is a change in the 
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pitch which can affect speech signal to a greater extent. But it is also observed that 

there is a large difference in formants levels. There is an increase of F1 by 210 Hz, F2 

by 223 Hz and increase in F3 by 197 Hz. Hence it can be concluded that response of 

the filter is very bad when compared with 5 dB, 10 dB, 15 dB, 20 dB and 30 dB noise 

levels. 

 

  Finally, it is observed that the changes in the pitch levels and Formants are not 

appreciable. It is observed that, the quality of speech signal is not maintained and 

speech sample are having more noise component. It is also proved and tabulated in 

terms of SNR and MOS in Table: 6.6 and Table: 6.7. 

 

c) Speech Compression using MSVQ and Enhancement using Recursive Filter: 

Table: 6.22 Pitch and Formants estimation with White Gaussian noise at different dBs 

of Recursive filter 

White 

Gaussian 

Noise in  

dB 

 

Type of Signal 

 

Pitch 

(f0) Hz 

Formants(in  Hz) 

F1 

( Hz) 

F2 

( Hz) 

F3 

( Hz) 

 

2 dB 

Input Speech Signal 218 521 1172 1770 

Noisy Speech Signal 202 557 1197 1810 

Compressed Speech Signal 168 569 1208 1815 

Enhanced Speech Signal 211 528 1198 1832 

 

5 dB 

Input Speech Signal 218 521 1172 1770 

Noisy Speech Signal 204 511 1158 1758 

Compressed Speech Signal 193 541 1204 1830 

Enhanced Speech Signal 212 564 1183 1812 

 

10 dB 

Input Speech Signal 218 521 1172 1770 

Noisy Speech Signal 164 536 1191 1795 

Compressed Speech Signal 176 545 1206 1805 

Enhanced Speech Signal 194 518 1157 1752 

 

15 dB 

Input Speech Signal 218 521 1172 1770 

Noisy Speech Signal 141 403 1058 1662 

Compressed Speech Signal 170 642 1288 1884 
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Enhanced Speech Signal 191 503 1052 1762 

 

20 dB 

Input Speech Signal 218 521 1172 1770 

Noisy Speech Signal 142 519 1165 1766 

Compressed Speech Signal 145 626 1271 1851 

Enhanced Speech Signal 196 536 1215 1870 

 

25 dB 

Input Speech Signal 218 521 1172 1770 

Noisy Speech Signal 189 484 1119 1711 

Compressed Speech Signal 228 655 1285 1872 

Enhanced Speech Signal 233 627 1356 1923 

 

30 dB 

Input Speech Signal 218 521 1172 1770 

Noisy Speech Signal 194 472 1070 1655 

Compressed Speech Signal 162 686 1278 1873 

Enhanced Speech Signal 254 642 1297 1843 

 

 From Table: 6.22 shows Pitch and Formants estimation with white Gaussian 

noise at different dBs and enhancement using Recursive filter method. The input 

speech signal has the pitch; level of 218 Hz, when the signal is corrupted by white 

Gaussian noise at 2 dB then the pitch level of noisy speech signal has decrease to 211 

Hz. The compressed speech signal has the pitch level of 168 Hz and enhanced noisy 

speech signal has 211 Hz. However first Formant F1, F2 and F3 result seems to be 

correlating with the input signal.  

 

 When the speech signal is corrupted by white Gaussian noise of 5 dB then in 

this case the pitch, level have dropped to 212 Hz. However there is a slight change in 

the pitch which will not affect speech signal to a greater extent. But it is also observed 

that there are some changes in formants levels with reference to input Speech signal. 

There is an increase of F1 by 43 Hz, F2 by 11 Hz and F3 by 42 Hz. Hence it can be 

concluded that quality of the signal is fair. 

 

 When the speech signal is corrupted by white Gaussian noise of 10 dB then in 

this case the pitch, level have dropped by 24 Hz. However there is a change in the 

pitch which can affect speech signal not to a greater extent. But it is also observed that 

there is a large difference in formants levels with reference to input Speech signal. 
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There is a decrease of F1 by 3 Hz, F2 by 15 Hz and F3 by 18 Hz. Hence it can be 

concluded that response of the filter is good. 

 

 When the speech signal is corrupted by white Gaussian noise of 15 dB then in 

this case the pitch, level have dropped by 27 Hz. However there is a change in the 

pitch which can affect speech signal not to a greater extent. But it is also observed that 

there is a large difference in formants levels with reference to input Speech signal. 

There is a decrease of F1 by 18 Hz, F2 by 120 Hz and F3 by 8 Hz. Hence it can be 

concluded that response of the filter is better and there is change in Formant F2 which 

can affect the signal.  

 

 When the speech signal is corrupted by white Gaussian noise of 20 dB then in 

this case the pitch, level have dropped by 22 Hz. However there is a change in the 

pitch which can affect speech signal not to a greater extent. But it is also observed that 

there is a large difference in formants levels with reference to input Speech signal. 

There is an increase of F1 by 15 Hz, F2 by 43 Hz and increase in F3 by 100 Hz. 

Hence it can be concluded that response of the filter is poor when compared with 5 

dB, 10 dB and 15 dB noise levels. 

 

 When the speech signal is corrupted by white Gaussian noise of 25 dB then in 

this case the pitch, level have increased by 15 Hz. However there is a change in the 

pitch which can not affect speech signal to a greater extent. But it is also observed that 

there is a large difference in formants levels with reference to input Speech signal. 

There is an increase of F1 by 106 Hz, F2 by 184 Hz and increase in F3 by 153 Hz. 

Hence it can be concluded that response of the filter is very poor when compared with 

5 dB, 10 dB, 15 dB and 20 dB noise levels. 

 

 When the speech signal is corrupted by white Gaussian noise of 30 dB then in 

this case the pitch, level have increased by 36 Hz. However there is a change in the 

pitch which can affect speech signal to a greater extent. But it is also observed that 

there is a large difference in formants levels with reference to input Speech signal. 

There is an increase of F1 by 121 Hz, F2 by 123 Hz and increase in F3 by 73 Hz. 

Hence it can be concluded that response of the filter is very bad when compared with 

5 dB, 10 dB, 15 dB, 20 dB and 30 dB noise levels. 
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     From Table: 6.22, it is observed that the changes in the pitch levels and 

Formants are appreciable and there is a moderate change in Pitch and Formant even at 

higher  dB when compared with Spectral Subtraction method and Kalman filter 

method. 

 

 Hence it can be concluded that, Recursive filter have given better Quality of 

speech signal and is also proved and tabulated in terms of SNR and MOS in 

Table:6.12 and Table:6.13. 

 

 Further the analyses have continued with the Real World Noise signals and 

are tabulated in the 6.23, 6.24 and 6.25. 

 

d)  Enhancement using Spectral Subtraction Method with Real World noise: 

Table: 6.23 Pitch and Formants estimation with Real World noise signals 

(Spectral Subtraction method) 

Type of 

Real world 

Noise 

 

Type of Signal 

 

Pitch 

(f0) Hz 

Formants (in  Hz) 

F1 

( Hz) 

F2 

( Hz) 

F3 

( Hz) 

 

Factory 

Input Speech Signal 218 521 1172 1770 

Noisy Speech Signal 123 438 1081 1699 

Compressed Speech Signal 187 520 1169 1808 

Enhanced Speech Signal 206 635 1346 1980 

 

Fire 

Engine 

Input Speech Signal 218 521 1172 1770 

Noisy Speech Signal 203 486 1126 1736 

Compressed Speech Signal 232 662 1299 1920 

Enhanced Speech Signal 212 620 1325 2003 

 

Machine 

Gun 

Input Speech Signal 218 521 1172 1770 

Noisy Speech Signal 185 471 1116 1741 

Compressed Speech Signal 191 573 1244 1843 

Enhanced Speech Signal 201 547 1243 1917 

 

Vehicle 

Input Speech Signal 218 521 1172 1770 

Noisy Speech Signal 173 513 1151 1760 

Compressed Speech Signal 201 610 1233 1835 
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Enhanced Speech Signal 201 636 1308 1951 

 

Volvo Bus 

Input Speech Signal 218 521 1172 1770 

Noisy Speech Signal 215 561 1180 1792 

Compressed Speech Signal 212 552 1181 1797 

Enhanced Speech Signal 223 540 1209 1926 

Ambulance 

Input Speech Signal 218 521 1172 1770 

Noisy Speech Signal 141 425 1083 1680 

Compressed Speech Signal 136 533 1189 1813 

Enhanced Speech Signal 183 447 1082 1902 

Destroyer 

Input Speech Signal 218 521 1172 1770 

Noisy Speech Signal 127 398 1046 1650 

Compressed Speech Signal 170 485 1107 1704 

Enhanced Speech Signal 202 470 1199 1846 

Pink 

Input Speech Signal 218 521 1172 1770 

Noisy Speech Signal 192 471 1125 1736 

Compressed Speech Signal 208 526 1181 1795 

Enhanced Speech Signal 201 534 1252 1921 

 

 From Table: 6.23, shows Pitch and Formants estimation with Real World 

noise and Enhancement using Spectral Subtraction Method. The input speech signal 

has a pitch level of 218 Hz, when the signal is corrupted by Factory noise then the 

pitch level of noisy speech signal has decreased from 218 Hz to 123 Hz, the 

compressed speech signal has the pitch level of 187 Hz and enhanced speech signal 

has 206 Hz. However Formants F1, F2 and F3 result seems to be not correlating with 

the Formants of input speech signal. Hence there is a more lose in Quality of speech 

signal. 

  

 When the input speech signal is corrupted by fire engine noise, then the pitch 

level of noisy speech signal has decreased from 218 Hz to 203 Hz, the compressed 

speech signal has the pitch level of 232 Hz and enhanced speech signal has 212 Hz. 

However, pitch levels are maintained but the Formants F1, F2 and F3 result seems to 

not correlating with the Formants of input speech signal. There is a large increase in 
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formants levels of F1 by 199 Hz, F2 by 153 Hz and increase in F3 by 233 Hz. Hence 

there is a lose in Quality of speech signal 

 

 When the input speech signal is corrupted by Machine gun noise then the pitch 

level of noisy speech signal has decreased from 218 Hz to 185 Hz, the compressed 

speech signal has the pitch level of 191 Hz and enhanced speech signal has 201 Hz. 

However, there is a change in pitch levels but the Formants F1, F2 and F3 result 

seems to not much correlating with the Formants of input speech signal. There is a 

large increase in formants levels of F1 by 26 Hz, F2 by 71 Hz and increase in F3 by 

147 Hz. Hence there is a lose in Quality of speech signal. 

 

 When the input speech signal is corrupted by Vehicle noise then the pitch level 

of noisy speech signal has decreased from 218 Hz to 173 Hz, the compressed speech 

signal has the pitch level of 201 Hz and enhanced speech signal has 201 Hz. 

However, there is a change in pitch levels but the Formants F1, F2 and F3 result 

seems to not much correlating with the Formants of input speech signal. There is a 

large increase in formants levels of F1 by 115 Hz, F2 by 136 Hz and increase in F3 by 

181 Hz. Hence there is a great lose in Quality of speech signal. 

 

When the input speech signal is corrupted by Volvo bus noise then the pitch 

level of noisy speech signal has decreased from 218 Hz to 215 Hz, the compressed 

speech signal has the pitch level of 212 Hz and enhanced speech signal has 223 Hz. 

However, there is a change in pitch levels but the Formants F1, F2 and F3 result 

seems to not much correlating with the Formants of input speech signal. There is a 

large increase in formants levels of F1 by 19 Hz, F2 by 37 Hz and increase in F3 by 

156 Hz. Hence Quality of speech signal is maintained. Spectral Subtraction method 

has given better results for enhancing the compressed noisy speech signal corrupted 

by Volvo bus noise. 

 

When the input speech signal is corrupted by Ambulance noise then the pitch 

level of noisy speech signal has increased from 218 Hz to 141 Hz, the compressed 

speech signal has the pitch level of 236 Hz and decrease in enhanced speech signal to 

183 Hz. However, there is a change in pitch levels but the Formants F1, F2 and F3 

result seems to not much correlating with the Formants of input speech signal. There 
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is a large decrease in formants levels of F1 by 74 Hz, F2 by 90 Hz and increase in F3 

by 132 Hz. Hence Quality of speech signal is not maintained. Spectral Subtraction 

method has given poor results for enhancing the compressed noisy speech signal 

corrupted by Ambulance noise. 

 

When the input speech signal is corrupted by Destroyer noise then the pitch 

level of noisy speech signal has increased from 218 Hz to 127 Hz, the compressed 

speech signal has the pitch level of 170 Hz and decrease in enhanced speech signal to 

202 Hz. However, there is a change in pitch levels but the Formants F1, F2 and F3 

result seems to not much correlating with the Formants of input speech signal. There 

is a large decrease in formants levels of F1 by 51 Hz, increase in F2 by 27 Hz and 

increase in F3 by 76 Hz. Hence Quality of speech signal is not maintained. Spectral 

Subtraction method has given poor results for enhancing the compressed noisy speech 

signal corrupted by Destroyer noise. 

 

When the input speech signal is corrupted by Pink noise then the pitch level of 

noisy speech signal has increased from 218 Hz to 192 Hz, the compressed speech 

signal has the pitch level of 208 Hz and decrease in enhanced speech signal to 201 

Hz. However, there is a change in pitch levels but the Formants F1, F2 and F3 result 

seems to not much correlating with the Formants of input speech signal. There is a 

large increase in formants levels of F1 by 13 Hz, F2 by 80 Hz and increase in F3 by 

151 Hz. Hence Quality of speech signal is not much maintained. Spectral Subtraction 

method has given poor results for enhancing the compressed noisy speech signal 

corrupted by Pink noise 

 

     From Table: 6.23, it is observed that the changes in the pitch and Formants are 

appreciable and there is a moderate change in Pitch and Formants.  

 Hence it can be concluded that, Spectral Subtraction method have given better 

Quality of speech signal and has been proved and tabulated in terms of SNR and 

MOS in Table:6.16 and Table:6.17. 
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e) Enhancement using Kalman filter method with Real World noise: 

Table: 6.24 Pitch and formants estimation with Real World noise 

(Kalman filter method) 

Type of 

Real world 

Noise 

 

Type of Signal 

 

Pitch 

(fo) Hz 

Formants (in  Hz) 

F1 

( Hz) 

F2 

( Hz) 

F3 

( Hz) 

 

Factory 

Input Speech Signal 218 521 1172 1770 

Noisy Speech Signal 123 438 1081 1699 

Compressed Speech Signal 187 520 1169 1808 

Enhanced Speech Signal 105 544 1175 1762 

 

Fire 

Engine 

Input Speech Signal 218 521 1172 1770 

Noisy Speech Signal 203 509 1149 1756 

Compressed Speech Signal 232 662 1299 1920 

Enhanced Speech Signal 254 551 1183 1773 

 

Machine 

Gun 

Input Speech Signal 218 521 1172 1770 

Noisy Speech Signal 185 471 1116 1741 

Compressed Speech Signal 191 573 1244 1843 

Enhanced Speech Signal 155 497 1127 1739 

 

Vehicle 

Input Speech Signal 218 521 1172 1770 

Noisy Speech Signal 173 513 1151 1760 

Compressed Speech Signal 201 610 1233 1835 

Enhanced Speech Signal 215 567 1189 1760 

 

Volvo Bus 

Input Speech Signal 218 521 1172 1770 

Noisy Speech Signal 215 564 1187 1795 

Compressed Speech Signal 212 552 1181 1797 

Enhanced Speech Signal 184 519 1165 1750 

Ambulance 

Input Speech Signal 218 521 1172 1770 

Noisy Speech Signal 141 411 1069 1667 

Compressed Speech Signal 136 521 1173 1800 

Enhanced Speech Signal 92 478 1107 1704 

Destroyer 
Input Speech Signal 218 521 1172 1770 

Noisy Speech Signal 127 398 1046 1650 
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Compressed Speech Signal 170 485 1107 1704 

Enhanced Speech Signal 127 398 1046 1650 

Pink 

Input Speech Signal 218 521 1172 1770 

Noisy Speech Signal 192 471 1125 1736 

Compressed Speech Signal 208 526 1181 1795 

Enhanced Speech Signal 193 471 1125 1736 

 

From Table: 6.24, shows Pitch and Formants estimation with Real World 

noise and Enhancement using Kalman filter Method. The input speech signal has a 

pitch level of 218 Hz, when the signal is corrupted by Factory noise then the pitch 

level of noisy speech signal has decreased from 218 Hz to 123 Hz, the compressed 

speech signal has the pitch level of 187 Hz and enhanced speech signal has 205 Hz. 

However first Formant F1, F2 and F3 result are correlating with the Formants of input 

speech signal. There is a large increase in formants levels of F1 by 23 Hz, F2 by 3 Hz 

and increase in F3 by 8 Hz. Hence the Quality of speech signal is good. 

 

 When the input speech signal is corrupted by fire engine noise, then 

the pitch level of noisy speech signal has decreased from 218 Hz to 203 Hz, the 

compressed speech signal has the pitch level of 232 Hz and enhanced speech signal 

has 254 Hz. However, pitch levels are maintained, but the Formants F1, F2 and F3 

result seems to be not correlating with the Formants of input speech signal. There is a 

large increase in formants levels of F1 by 30 Hz, F2 by 11 Hz and increase in F3 by 3 

Hz. Hence, the Quality of speech signal is better and it is maintained. 

 

 When the input speech signal is corrupted by Machine gun noise then the pitch 

level of noisy speech signal has decreased from 218 Hz to 185 Hz, the compressed 

speech signal has the pitch level of 191 Hz and enhanced speech signal has 155 Hz. 

However, there is a change in pitch levels but the Formants F1, F2 and F3 result 

seems to be not much correlating with the Formants of input speech signal. There is a 

large decrease in formants levels of F1 by 24 Hz, F2 by 45 Hz and increase in F3 by 

31 Hz. Hence, the Quality of speech signal is fair and it is maintained. 
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 When the input speech signal is corrupted by Vehicle noise then the 

pitch level of noisy speech signal has decreased from 218 Hz to 173 Hz, the 

compressed speech signal has the pitch level of 201 Hz and enhanced speech signal 

has 215 Hz. However, there is a change in pitch levels but the Formants F1, F2 and F3 

result seems to not much correlating with the Formants of input speech signal. There 

is a large increase in formants levels of F1 by 46 Hz, F2 by 17 Hz and increase in F3 

by 10 Hz. Hence, the Quality of speech signal is good and it is maintained. 

 

When the input speech signal is corrupted by Volvo bus noise then the pitch 

level of noisy speech signal has decreased from 218 Hz to 215 Hz, the compressed 

speech signal has the pitch level of 212 Hz and enhanced speech signal has 184 Hz. 

However, there is a change in pitch levels but the Formants F1, F2 and F3 result 

seems to not much correlating with the Formants of input speech signal. There is a 

large decrease in formants levels of F1 by 2 Hz, F2 by 7 Hz and increase in F3 by 20 

Hz. Hence Quality of speech signal is maintained. Kalman filter method has given 

better results for enhancing the compressed noisy speech signal corrupted by Volvo 

bus noise. 

 

When the input speech signal is corrupted by Ambulance noise then the pitch 

level of noisy speech signal has increased from 218 Hz to 141 Hz, the compressed 

speech signal has the pitch level of 136 Hz and decrease in enhanced speech signal to 

92 Hz. However, there is a huge change in pitch levels but the Formants F1, F2 and 

F3 result seems to not much correlating with the Formants of input speech signal. 

There is a large decrease in formants levels of F1 by 43 Hz, F2 by 65 Hz and increase 

in F3 by 66 Hz. Hence Quality of speech signal is not maintained. Kalman filter 

method has given poor results for enhancing the compressed noisy speech signal 

corrupted by Ambulance noise. 

 

When the input speech signal is corrupted by Destroyer noise then the pitch 

level of noisy speech signal has increased from 218 Hz to 127 Hz, the compressed 

speech signal has the pitch level of 170 Hz and decrease in enhanced speech signal to 

227 Hz. However, there is a change in pitch levels but the Formants F1, F2 and F3 

result seems to not much correlating with the Formants of input speech signal. There 

is a large decrease in formants levels of F1 by 123 Hz, increase in F2 by 126 Hz and 
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increase in F3 by 120 Hz. Hence Quality of speech signal is not maintained. Kalman 

filter method has provided poor results for enhancing the compressed noisy speech 

signal corrupted by Destroyer noise. 

 

When the input speech signal is corrupted by Pink noise then the pitch level of 

noisy speech signal has increased from 218 Hz to 192 Hz, the compressed speech 

signal has the pitch level of 208 Hz and decrease in enhanced speech signal to 193 

Hz. However, there is a change in pitch levels but the Formants F1, F2 and F3 result 

seems to not much correlating with the Formants of input speech signal. There is a 

large increase in formants levels of F1 by 50 Hz, F2 by 47 Hz and increase in F3 by 

34 Hz. Hence Quality of speech signal is not much maintained. Kalman filter method 

has given poor results for enhancing the compressed noisy speech signal corrupted by 

Pink noise 

 

     From Table: 6.24, it is observed that the changes in the Pitch and Formants are 

not much appreciable and there is a change in Pitch and Formant levels. When 

compared with Spectral Subtraction method and Kalman filter method. 

 

 Hence it can be concluded that, Spectral Subtraction method have given better 

Quality of speech signal and is also proved and tabulated in terms of SNR and MOS 

in Table:6.16 and Table:6.17. 

 

     From Table: 6.22, it is observed that the changes in the pitch levels and 

Formants are appreciable and there is a moderate change in Pitch and Formant even at 

higher  dB when compared with Spectral Subtraction method and Kalman filter 

method. 

 

 Hence it can be concluded that, Kalman filter method have given better 

Quality of speech signal and has been proved and tabulated in terms of SNR and 

MOS in Table:6.16 and Table:6.17. 
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f) Enhancement using Recursive Filter method with Real World noise: 

Table: 6.25 Pitch and Formants estimation with Real World noise  

(Recursive filter method) 

Type of 

Real world 

Noise 

 

Type of Signal 

 

Pitch 

(fo) Hz 

Formants(in  Hz) 

F1 

( Hz) 

F2 

( Hz) 

F3 

( Hz) 

 

Factory 

Input Speech Signal 218 521 1172 1770 

Noisy Speech Signal 123 438 1081 1699 

Compressed Speech Signal 187 520 1169 1808 

Enhanced Speech Signal 203 518 1187 1782 

 

Fire 

Engine 

Input Speech Signal 218 521 1172 1770 

Noisy Speech Signal 203 509 1149 1756 

Compressed Speech Signal 232 662 1299 1920 

Enhanced Speech Signal 216 546 1193 1782 

 

Machine 

Gun 

Input Speech Signal 218 521 1172 1770 

Noisy Speech Signal 185 471 1116 1741 

Compressed Speech Signal 191 573 1244 1843 

Enhanced Speech Signal 203 509 1207 1859 

 

Vehicle 

Input Speech Signal 218 521 1172 1770 

Noisy Speech Signal 173 513 1151 1760 

Compressed Speech Signal 201 610 1233 1835 

Enhanced Speech Signal 205 543 1198 1884 

 

Volvo Bus 

Input Speech Signal 218 521 1172 1770 

Noisy Speech Signal 215 564 1187 1795 

Compressed Speech Signal 212 552 1181 1797 

Enhanced Speech Signal 192 509 1189 1767 

Ambulance 

Input Speech Signal 218 521 1172 1770 

Noisy Speech Signal 141 411 1069 1667 

Compressed Speech Signal 136 521 1173 1800 

Enhanced Speech Signal 192 463 1127 1654 

Destroyer 
Input Speech Signal 218 521 1172 1770 

Noisy Speech Signal 127 398 1046 1650 
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Compressed Speech Signal 170 485 1107 1704 

Enhanced Speech Signal 143.7 392.8 1064 1698 

Pink 

Input Speech Signal 218.07 521.3 1172 1770 

Noisy Speech Signal 192.86 471.3 1125 1736 

Compressed Speech Signal 208.2 526.6 1181 1795 

Enhanced Speech Signal 203.6 492.1 1142 1752 

 

From Table: 6.24, shows Pitch and Formants estimation with Real World 

noise and Enhancement using Recursive filter Method. The input speech signal has a 

pitch level of 218 Hz, when the signal is corrupted by Factory noise then the pitch 

level of noisy speech signal has decreased from 218 Hz to 123 Hz, the compressed 

speech signal has the pitch level of 187 Hz and enhanced speech signal has 203 Hz. 

However first Formant F1, F2 and F3 result are correlating with the Formants of input 

speech signal. There is a decrease in formants levels of F1 by 3 Hz, increase in F2 by 

15 Hz and increase in F3 by 12 Hz. Hence the Quality of speech signal is good. 

 

When the input speech signal is corrupted by fire engine noise, then the pitch 

level of noisy speech signal has decreased from 218 Hz to 203 Hz, the compressed 

speech signal has the pitch level of 232 Hz and enhanced speech signal has 216 Hz. 

However, pitch levels are maintained, but the Formants F1, F2 and F3 result seems to 

be not correlating with the Formants of input speech signal. There is a increase in 

formants levels of F1 by 20 Hz, F2 by 21 Hz and increase in F3 by 12 Hz. Hence, the 

Quality of speech signal is better and it is maintained. 

 

 When the input speech signal is corrupted by Machine gun noise then the pitch 

level of noisy speech signal has decreased from 218 Hz to 185 Hz, the compressed 

speech signal has the pitch level of 191 Hz and enhanced speech signal has 203 Hz. 

However, there is a change in pitch levels but the Formants F1, F2 and F3 result 

seems to be not much correlating with the Formants of input speech signal. There is a 

decrease in formants levels of F1 by 12 Hz, increase in F2 by 35 Hz and increase in 

F3 by 89 Hz. Hence, the Quality of speech signal is fair and it is maintained. 
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When the input speech signal is corrupted by Vehicle noise then the pitch level 

of noisy speech signal has decreased from 218 Hz to 173 Hz, the compressed speech 

signal has the pitch level of 201 Hz and enhanced speech signal has 205 Hz. 

However, there is a change in pitch levels but the Formants F1, F2 and F3 result 

seems to not much correlating with the Formants of input speech signal. There is a 

large increase in formants levels of F1 by 22 Hz, F2 by 26 Hz and increase in F3 by 

114 Hz. Hence, the Quality of speech signal is found to be better and it is maintained. 

 

When the input speech signal is corrupted by Volvo bus noise then the pitch 

level of noisy speech signal has decreased from 218 Hz to 215 Hz, the compressed 

speech signal has the pitch level of 212 Hz and enhanced speech signal has 192 Hz. 

However, there is a change in pitch levels but the Formants F1, F2 and F3 result 

seems to not much correlating with the Formants of input speech signal. There is a 

large decrease in formants levels of F1 by 12 Hz, increase in F2 by 17 Hz and 

increase in F3 by 3 Hz. Hence Quality of speech signal is maintained. Recursive filter 

method is proved to be good for enhancing the compressed noisy speech signal 

corrupted by Volvo bus noise. 

 

When the input speech signal is corrupted by Ambulance noise then the pitch 

level of noisy speech signal has increased from 218 Hz to 141 Hz, the compressed 

speech signal has the pitch level of 136 Hz and decrease in enhanced speech signal to 

192 Hz. However, there is a less change in pitch levels but the Formants F1, F2 and 

F3 result seems to not much correlating with the Formants of input speech signal. 

There is a large decrease in formants levels of F1 by 58 Hz, F2 by 45 Hz and increase 

in F3 by 116 Hz. Hence Quality of speech signal is not maintained. Recursive filter 

method has given fair results. 

 

When the input speech signal is corrupted by Destroyer noise then the pitch 

level of noisy speech signal has increased from 218 Hz to 127 Hz, the compressed 

speech signal has the pitch level of 170 Hz and decrease in enhanced speech signal to 

143 Hz. However, there is a change in pitch levels but the Formants F1, F2 and F3 

result seems to not much correlating with the Formants of input speech signal. There 

is a large decrease in formants levels of F1 by 129 Hz, F2 by 108 Hz and F3 by 72 

Hz. Hence Quality of speech signal is not maintained.  
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When the input speech signal is corrupted by Pink noise then the pitch level of 

noisy speech signal has increased from 218 Hz to 192 Hz, the compressed speech 

signal has the pitch level of 208 Hz and decrease in enhanced speech signal to 202 

Hz. However, there is a change in pitch levels but the Formants F1, F2 and F3 result 

seems to not much correlating with the Formants of input speech signal. There is a 

decrease in formants levels of F1 by 29 Hz, F2 by 30 Hz and F3 by 18 Hz. Hence 

Quality of speech signal is not much maintained. Recursive Filter method has given 

good results for enhancing the compressed noisy speech signal corrupted by Pink 

noise 

 

     From Table: 6.24, it is observed that the changes in the Pitch and Formants are 

less when compared with Spectral Subtraction method and Kalman filter method. 

Hence it can be concluded that, Recursive Filter method have given better Quality of 

speech signal and is also proved and tabulated in terms of SNR and MOS in Table: 

6.16 and Table: 6.17. 

  

The Recursive Filter (Proposed Filter) calculations are tabulated and compared 

with the results of Spectral Subtraction and Kalman filter methods with respect to 

Signal to Noise Ratio (SNR), Mean Opinion Score (MOS), Pitch and Formants.  

 

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

for all above said aspects with different noisy environment conditions specified. All 

the above parameters are simulated using MATLAB. 

 

Hence, we can conclude that “Compression and then Enhancement” is the best 

method and the proposed Recursive filter can be used to Enhance the “Compressed 

Noisy Speech Signal”. 

 


