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Abstract: Speech enhancement refers to the class of algorithms which aims to remove or reduce the background 

noise. The noisy signal can be acquired using a single or multiple microphones.Hidden Markov Models are 

commonly used for speech decoding. Speech signals are trained and stored in the database. The speech signal 

which is given at real time is enhanced and the reduction of background noise of the real time input speech 

signal is achieved by using the technique called Modified Hidden Markov Model. The features of the time input 

signal is extracted and is compared with that of the signals in the database using the Modified Mel-Frequency 

Cepstral Co-effecients algorithm. This paper also presents a comparative study of Speech Recognition using 

different windowing techniques.The windowing techniques to be compared are with Hamming window and 

Kaiser Window. Speech Enhancement plays a very important role in Signal processing applications 
Keywords: Windowing Techniques, Speech decoding Hidden Markov Model, Mel-Frequency Cepstral Co-

effecients, Kaiser window, Hamming window. 

 

I. INTRODUCTION 
Speech is the primary mode of communication among humans. Recent advances in speech technology 

and computing power have created a surge of interest in the practical application of speech recognition. The area 

of speech processing is just developing, and shows the tremendous potentialities for widespread use in the 

future. Speech signals can be used for speech recognition, speaker recognition or voice command recognition 

systems. The process to achieve errorless continuous speech recognition systems has remained unattainable over 

the years. Commercial systems have been developed to handle small to medium vocabularies with moderate 

performance. Large vocabulary systems able to handle 10,000 to 60,000 words have been developed and 

demonstrated under laboratory conditions. However, all these systems suffer substantial degradations in 

recognition accuracy when there is any kind of difference between the conditions in which the system is trained 

and the conditions in which the systems are finally tested.  

 . One of the most widely used feature representations are cepstral co-efficients derived from linear 

predictive coding (LPC) in which the speech signal is assumed to be the output of the all-pole linear filter 

simulating the vocal tract of a human being. The ASR systems with LPC-derived cepstrum work well in clean 

environments, but speech recognition performance is severely degraded in noisy environments. 
Automatic speech recognition (ASR) is one of the leading technologies serving as a man-machine interface for 

real-world applications. In general, the performance of an ASR system is usually degraded when there exist 

environmental mismatches between training and test phases. One type of mismatch in real environments is the 

various kinds of background noises that affect the feature extraction stage in an ASR system. In this sense, the 

front-end for robust speech recognition requires to reduce redundancy and variability as well as the ability to 

capture important cues of speech signals, even in noisy environments 
 

II. SURVEY 
A robust mel frequency cepstral coefficient feature extraction procedure is obtained using noise 

reduction, frame attenuation and RASTA processing[10]. In the preprocessing stage a hybrid Hamming Cosine 

window is applied. To minimize the effects of additive environmental noise on speech signal a spectral 

subtraction based on spectral smoothing is used. A general mel filtering approach is performed on noise reduced 

signal. To detect speech frames, a voice activity detection based on log filter-bank energies is performed. The 

log filter-bank magnitudes of noise-only frames are attenuated. To reduce the level of convolutional distortion, a 

RASTA filtering of log filter-bank energy trajectories is applied. At final stage, a noise robust feature vector, 

which consists of 12 mel cepstrum coefficients and the log energy is created [10]. For evaluation of 

improvement of speech recognition with the proposed front-end, the Aurora 2, 3 databases together with the 

HTK speech recognition toolkit have been chosen. Neural networks, fuzzy logic and genetic algorithms are also 

used for voice recognition[12]. In particular, the case of speaker recognition is considered by analyzing the 

sound signals with the help of intelligent techniques, such as the neural networks and fuzzy systems. The neural 

networks are used for analyzing the sound signal of an unknown speaker, and after this first step, a set of type-2 
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fuzzy rules is used for decision making. Fuzzy logic is to be used due to the uncertainty of the decision process. 

Genetic algorithms are also used to optimize the architecture of the neural networks. Hence an approach with a 

sample of sound signals from real speakers is illustrated. 

Reference[6] describes the methods for speech recognition in noisy environments. Reference[7] 

explains the enhancement of speech signal by extracting various features of the speech. Reference[8] –[9] shows 

the speech processing techniques. Reference[5] describes the filtering methods involved in processing of speech 

signal. Adaptive filters are used in this case to enhance the features of speech signal[10]. Reference[11] 

describes the practical view of capturing the speech signal and then processing it with various techniques to 

obtain an enhanced and a distortionless speech signal. 

                 

III. PROPOSED WORK 
This proposed work explains about the study of speech signal enhancement using Kaiser window  and 

also comparing it with the performance of speech enhancement using Hamming window. This also explains 

about the recognition of speech signal at the cost of high efficiency in the presence of noisy environments[1]. So 

the speech signal is compared with that of the speech signals already stored in the database in the presence of 

noisy environments. Two sections are involved 

1. Signal Transformation Section  

2. Windowing and Speech Recognition Section. 

The noise is initially eliminated from the noisy input speech signal. This is performed by Adaptive 

filter. In the speech signal recognition module, the features of n number of speech signals are extracted and 

stored in the database. When a speech signal is given as input at real time, the speech signal which is given as 

the input is compared with those of the signals stored in the database and is authenticated. 

 

       

 

 
 

Fig1. Flow diagram for Speaker Recognition 

 

Fig 1. gives an illustration of basic flow diagram for speaker recognition.The speech signal is initially 

given as input. The input signal is given to the de-noising module and the noise is eliminated from the speech 

signal in this module. The noise eliminated signal is given to the feature extraction block, where the features of 

the real time speech signal are extracted. The next block is similarity block. In this block, the real time speech 

signal is compared with that of the features of n number of speech signals stored in the database. The final block 

is Identification Result, where the authentication for the speech signal is provided. 

 

 A .Signal Transformation Section 

The Signal transformation section involves the elimination of noise from the real time input speech 

signal.  

This is performed by Adaptive filter. 
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Fig 2. Block Diagram of Signal Transformation Section 

 

The estimation of noise involves two steps 

 1. Computation of FFT  

       2. Computation of  noise magnitude  

In the first step, the fast fourier transform of the windowed output signal is calculated. The fast fourier 

transformation is applied so as to reduce the number of computations involved in the process. If the number of 

computations are reduced, then the process is fast. This is the reason fast fourier transform is used. Then the 

absolute value of the signal is estimated.This is shown in Fig 2 

Adaptive filter is a self-designing device that has the following characteristics 

1. It contains a set of adjustable filter coeffecients. 

2. The coeffecients are updated in accordance with an algorithm. 

3. The algorithm operates with arbitrary initial conditions; each time new sample values are received 

for the input signal and the desired response, appropriate corrections are made to the previous values of 

the filter coeffecients. The adaption is continued until the operating point of the filter on the error 

performance     

The design of Adaptive filter involves convolution of windowed signal with each frame, computation of FFT for 

frames and computation of Cumulative Distributive Function and Signal to Noise ratio. 

 

B.Windowing and Speech Recognition Section  

MFCC Algorithm is used in order to obtain the cepstral representation of the speech signal. This is the 

feature extracted from the speech signal. The speech input is initially recorded at a sampling rate above 

11,025Hz. This sampling frequency was chosen to minimize the effects of aliasing in the analog-to-digital 

conversion. These sampled signals can capture all frequencies up to 5 kHz, which cover most energy of sounds 

that are generated by humans. The reference point between the mel scale and normal frequency measurement is 

defined by equating a 1500 Hz tone, 50 dB above the listener's threshold, with a pitch of 1000 mels. Above 

about 500 Hz, larger and larger intervals are judged by listeners to produce equal pitch increments[3]. As a 

result, four octaves on the hertz scale above 500 Hz are judged to comprise about two octaves on the mel scale. 

The illustration of mel filter bank is shown in Fig 3. 

The speech signal recognition module shown in     Fig 4. involves extracting the features and 

estimating the parameters of the speech signal and store it in the database and then comparing the speech signal 

with that of the signals stored in the database and hence authenticate the speaker. 

 In the first step(frame segmenting), the continuous speech signal is blocked into frames of N samples, 

with adjacent frames being separated by M (M < N). The first frame consists of the first N samples. The second 

frame begins M samples after the first frame, and overlaps it by N - M samples. Similarly, the third frame begins 

2M samples after the first frame (or M samples after the second frame) and overlaps it by N - 2M samples. This 

process continues until all the speech is accounted for within one or more frames. Typical values for N and M 

are N = 256 and M = 100. 
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Fig 3. Illustration of Mel Filter bank 

 

  
Fig 4. Windowing and Speech recognition Section 

 

The sampling rate and the frame rate are then estimated based on the number of  input arguments. The 

filter bank parameters are initialized. The window size in the standard form is 400, but 256 determines much 

better output. Then the length of the input is verified whether it is equal to the window size. The total filters are 

calculated by the sum of  linear Filters and the log Filters[4]. Now the band edges are determined by first 

spacing the frequencies by linear spacing and then by logarithmic spacing. From this frequency obtained, the 

lower, upper and center band edge frequencies are calculated. The next parameter mfcc filter weights is 

initialized by an array of zeros which has a row of total filters and column which is the window size.  

 Then the triangle height is determined for mel scale by first calculating the difference between upper 

and lower frequencies and then dividing 2 by the difference obtained of the upper and lower frequencies.

 Then the array for fft frequencies are obtained with respect to fft size and the sampling frequency.   

 The next step in the processing is to window each individual frame so as to minimize the signal 

discontinuities at the beginning and end of each frame. The concept here is to minimize the spectral distortion 

by using the window to taper the signal to zero at the beginning and end of each frame. The Kaiser window is a 

one-parameter family of window functions used for digital signal processing, and is defined by the formula  

 
where: I0 is the zeroth order Modified Bessel function of the first kind. α is an arbitrary real number that 

determines the shape of the window.  

In the frequency domain, it determines the trade-off between main-lobe width and side lobe level, 

which is a central decision in window design. M is an integer, and the length of the sequence is N=M+1. 
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When N is an odd number, the peak value of the window is wM/2 = 1.  And when N is even, the peak 

values are wN/2-1 = wN/2 < 1. 

The next processing step is the Fast Fourier Transform, which converts each frame of N samples from the time 

domain into the frequency domain.The Fast Fourier Transform is calculated using the formula 

 
where,      

    
is an N

th
 root of unity 

The input signal uses the mel filter bank, spaced uniformly on the mel scale. That filter bank has a triangular 

bandpass frequency response, and the spacing as well as the bandwidth is determined by a constant mel 

frequency interval.  

This filter bank is applied in the frequency domain, therefore it simply amounts to taking those triangle-shape 

windows in on the spectrum.  The relation between linear frequency and mel frequency is as follows: 

                                   Mel(f)=2595* log 10 (1+ f / 700) 

 

In the final step, the signal obtained in the form of log Mel spectrum is converted back from frequency 

domain to time domain using Discrete Cosine Transform (DCT). To compute this, a matrix dct(i,j) which is total 

Filters x cepstral Coefficients  in size is calculated. The i,j component is given by cos( i * (j+0.5)/total Filters pi 

), where i and j is assumed to start at 0[6]. 

 

Then the signal is filtered using the pre emphasis filter. Hence the output signal is obtained in the form 

of Mel cepstrum and the result is called Mel frequency cepstrum coefficients (MFCC). The cepstral 

representation of the speech signal provides a good representation of the local spectral properties of the signal 

for the given frame analysis Because the Mel spectrum coefficients (and so their logarithm) are real numbers, it 

is converted from frequency domain to time domain using the Discrete Cosine Transform (DCT).The estimation 

of centroid is performed by initializing the values such as epsilon = 0.01, estimating the centroid values and 

finally performing the cluster processThe epsilon value is a constant. The clustering process is performed to 

increase the strength of the signal. 
 

The speech signal recognition is performed by Modified HMM Algorithm.HMMs allow you to 

estimate probabilities of unobserved events. Given plain text, which underlying parameters generated the 

surface. E.g., in speech recognition, the observed data is the acoustic signal and the words are the hidden 

parameters. The Hidden Markov Model is a finite set of states, each of which is associated with a (generally 

multidimensional) probability distribution. Transitions among the states are governed by a set of probabilities 

called transition probabilities. In a particular state an outcome or observation can be generated, according to the 

associated probability distribution. It is only the outcome, not the state visible to an external observer and 

therefore states are ``hidden'' to the outside; hence the name Hidden Markov Model. 

The speech signal recognition module uses Modified HMM (Hidden Markov Model) Algorithm which involves 

the following steps 

1. Comparison of the features of the real time speech signal with that of the signals stored in the 

database.Compute the smallest value of the co-effecients of the speech signals. 

2.. Initialize two buffers and determine one of its size   

    according to the number of speech signals in the database   

   and the other buffer with zeros 

3.Consider the smallest value and store it in a buffer which is   

   generated according to the size 

4.Invert the value with respect to the position of the buffer and  

   store it in the second buffer. 

5.Comparison of results. 

. 

IV. RESULT SUMMARY 
A. Co-efficient Representation 

The signal obtained in the form of log Mel spectrum is converted back from frequency domain to time 

domain using Discrete Cosine Transform (DCT).To compute this, a matrix dct(i,j) which is total Filters x 

cepstralCoefficients  in size is calculated.[3] 
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The i,j component is given by  

              

   cos( i * (j+0.5)/totalFilters pi ) , where i and j is assumed to start at 0 

 

Then the signal is filtered using the pre emphasis filter. Hence the output signal is obtained in the form 

of Mel cepstrum and the result is called Mel frequency cepstrum coefficients (MFCC). The cepstral 

representation of the speech signal provides a good representation of the local spectral properties of the signal 

for the given frame analysis as shown in Fig 5. Mel-frequency scale is a perceptually motivated scale 

(Stevens&Volkman,1940) which is linear below 1 kHz, and logarithm above, with equal numbers of samples 

below and above 1kHz.  

 

It represents the pitch (perceived frequency)of a tone as a function of its acoustics frequency Because the Mel 

spectrum coefficients (and so their logarithm) are real numbers, it is converted from frequency domain to time 

domain using the Discrete Cosine Transform. 

 

 
Fig 5.Estimation of cepstral co-effecients 

 

B. Windowing and Speech Recognition 

Fig 6.illustrates the SNR of noisy and enhanced signal and also the window output. These 

characteristics shows that the speech signal gets enhanced using Kaiser window, Adaptive filter, which 

constitute the Modified MFCC algorithm. 

 

 
Fig 6. Speech Recognition 



IJRERD 

International Journal of Recent Engineering Research and Development (IJRERD) 

ISSN: 2455-8761 

www.ijrerd.com || Volume 02 – Issue 07 || July 2017 || PP. 90-96 

96 | P a g e                                                                                                                     www.ijrerd.com 

C. Comparative Summary 

Speech signal enhancement and recognition using Kaiser window illustrated in Table 1. shows better 

result comparatively with other windows, as it has adjustable parameter specifications which adapts to any type 

of speech signal. 

 
Table 1. Comparative result for different windows. 

Type of Window 

Used 

Window Output SNR of Noise 

Signal 

SNR of Enhanced 

Signal 

 

HAMMING 

 

118.3400    88.3734 

 

558.6218 

 

KAISER 

 

215.5554 118.5416 

 

  599.6222 

 

 

Conclusion  
Speech verification systems have been built around acoustic likelihoods and such systems can be 

improved further by using temporal information. To be effective against fraudulent attacks, these systems have 

to be robust against recordings being played to gain unauthorized access. Thus far, randomized phrase 

prompting has been the most popular approach. One can protect against recordings by setting a threshold on the 

allowable similarity in identical triphone times, since the variability across utterances of the timings of words or 

phonemes produced by a live speaker is significantly larger than those induced by noise present in a recording. 

This paper concludes that the taken windowing functions outperforms well with discrete filters in which the peaks 

identified using discrete filters matches with the number of phonemes in the speech signal than the adaptive filters 

so as to find the appropriate peaks. These investigations should be extended in a number of directions. 
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