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Abstract: As of late, Automatic speech recognition has advanced on account of instruments, for example, natural 

language processing, and deep learning, among others. It is a framework or put in another way, a gadget that changes a 

raw signal into computer comprehensible text. The genuine creation of speech is comprised of changes in air pressure 

that outcomes in pressure wave that our ear and cerebrum comprehend. The vocal tract is utilized to deliver a human 

speech, which is adjusted by teeth, tongue, and lips. Speech recognition alludes to a machine's ability to perceive human 

speech and transform it into a computer comprehensible text. Speech recognition is a magnificent illustration of good 

interaction between humans and computers. In this paper, we introduce the process to extricate the feature from the 

signal utilizing Mel-frequency cepstral coefficients. Mel-frequency cepstral coefficients are a genuinely far wide and 

proficient methodology for feature extraction from a sound file. This technique improved the speech recognition 

process and removes the distortion in the voice. In this manuscript we applied the Mel-frequency filtration process to 

improve speech and remove the background noise. Therefore, the proposed methodology gives better performance in 

the automated speech recognition system. 

 

Index Terms: Features, Mel filter banks processing, Mel frequency cepstral coefficients, Sound file, Speech 

Recognition. 

 

 

1.  Introduction 

At the point when we talked about the Automatic speech recognition system, we saw that the speech recognition 

system involves two parts the first one is extraction of the features from the audio file where the raw signal is passed 

through the set of the procedures known as the Mel- Frequency cepstral coefficients technique and the other one is 

classification of the input signal where we use the classifiers to classification purpose. We utilize the classifier for 

example, Gaussian Mixture Model, Hidden Markov Model, Artificial Neural Network, and Support Vector Machine 

well. there are varied feature extricating techniques are available for example, Linear Predictive Cepstral Coefficient, 

Mel frequency cepstral coefficients, Linear Predictive Coding, Perceptual Linear predictive coefficients and some more. 

The best among the different feature extraction strategies is Mel frequency cepstral coefficients. 

In Mel Frequency cepstral coefficients extraction, we used to figure out the elements from a raw signal, The Mel 

frequency cepstral coefficients are certifiably not a solitary interaction it involves a different sub process like, 
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pre-emphasis, framing, windowing, fast Fourier transform, Discrete cosine transform, and last one to improve the 

quality of the speech using dynamic features such as delta and delta-delta derivatives, Before the Mel frequency cepstral 

coefficients came into light, the other feature extricating techniques that Linear Predictive Cepstral Coefficient, Linear 

Predictive Coding, and zero crossing rate were utilized to the extricate the features from the raw or input signal [1]. 

The major objective of this paper to improve the quality of speech recognition system and enhance the frequency 

pitch at different stages. There are already various solutions are existed, but they do not enough to solve the distortion 

problems in the voice therefore our proposed technique will be more effective the other existing approaches. 

After the consummation of the feature extraction strategy, the quality signal is passed to the classifier for the 

characterization purposes. 

 

 

Fig. 1. Block Diagram of Mel Frequency Cepstral Coefficients. 

2.  Literature Review 

Frequency spectral data is added to the traditional Mel spectrum-based speech recognition method. The Mel 

frequency technique takes use of the frequency observation for speech signals at a certain resolution, which leads to 

resolution feature overlaps and a recognition limit [22]. 

The feature extraction approach is a crucial tool for classifying the features of voices as well as for speech and 

speaker recognition. There are several kinds of feature extraction approaches, including PLP, LPC, various MFCC types, 

etc. In comparison to other forms of MFCC, Delta-Delta MFCC has superior Cepstral coefficients and the lowest 

standard deviation [23]. 

One of the most practical and well-known techniques in the area of signal processing is MFCCs. However, if the 

number of test dataset strange speakers is big, it requires a large training dataset and a lengthy execution time to extract 

the relevant characteristics. For this, based on the development of the operator which is adaptable to any input signal. 

An benefit of dealing with a sparse matrix where most of its elements are zero is that it makes the calculation and 

execution time of the method shorter [24]. This is true even if its formation goes through numerous iterations log2 N 

iterations where N is the length of the signal. 

3.  Mel Frequency Cepstral Coefficient Extraction stages 

First, the signals is windowed, then the discrete Fourier transform (DFT) is applied, then logarithmic of the 

magnitude is calculated, the frequencies are warped using the Mel scale, and last, the inverse discrete Fourier transform 

is applied. This is the MFCC feature extraction method. Step-by-step instructions for exécution extracting MFCC 

features are provided below. 

3.1.  Pre-Emphasis 

The initial phase in most component or feature calculation procedure is pre-emphasis [2]. It is the most often 

channel utilized in any speech recognition system to work on the nature of signal, as it will in general diminish the 

encompassing commotion and further develop the voice quality. The information signal to be inspected procured 

involving mouthpiece as the information source, and afterward Pre-emphasis channel is applied. The glottal impact is 

eliminated from the vocal parcel attributes by pre-emphasis. 

Pre-emphasis is ordinarily a first-order high-pass channel that attempted to reestablish the amplitude of high-

frequency regions. At the end of the day, Pre-emphasis supports the signals of high-frequency integration, whereas 

clearing out the low-frequency integration in their unique state. The Transfer function of the pre-emphasis factor α is 

 

H(z)=1-αz-1                                                                                  (1) 
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The most well-known scope of values for α is somewhere in the range of 0.95 and 0.97, in spite of the fact that 

qualities in the scope of 0.9 and only under 1.0 have additionally been utilized in various frameworks [3,4]. 

3.2.  Framing 

The subsequent stage is to do framing of the pre-emphasis signal acquired in the preceding stage. The speech 

signal is partitioned into little segments of length 20-30 ms with half cross-over to keep away from any deficiency of 

data. It accepts that over this brief length, speech signal remaining parts fixed or stationary. In past case as speech is 

non-fixed signal, it's challenging to manage this signal in consistent domain [5,6,7]. Generally, Framing is the overall 

term for the division of a voice signal into a short time frame length. Practically speaking, the voice signal is partitioned 

into N samples, with back-to-back frames isolated by M. Typically, the upsides of N and M are viewed as N=256 and 

M=100, individually. 

3.3.  Windowing 

This is a significant stage wherein every individual frame is windowed to limit the discontinuities of the signal 

toward the start of the frame and toward the finish of the frame. In this, the standards used to limit the intermittence or 

otherworldly contortion is involving the window to tape the signal by a no worth toward the start and end of the frame. 

Windowing is performed on each frame with one of the well-known signal handling windows like the hamming 

window [8,9,10].  

 

 

Fig. 2. Hamming window. 

As talked about in the previous segment, there might be discontinuities of the signal at both the finishes. Altogether, 

to make the signal smoother, the frames procured in the previous methodology are multiplied by window function [11]. 

Different windowing strategies are applied like Hann windowing, Hamming Windowing and so forth, however for the 

most part windowing is finished by choosing the hamming window as opposed to the next windowing procedures. 
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Hamming window is numerical addressed by the situation as given underneath. 
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Documentations, 

W (n): Windowed frame 

n: Current casing/frame 

N: absolute number of casings/frames. 

Generally, while playing out the Mel frequency cepstral coefficients feature extraction in MATLAB, at the 

windowing stage, windowing is made more straightforward with the predefined work hamming accessible in MATLAB 

which complete the entire course of windowing. 
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3.4.  Fast Fourier Transform 

The Discrete Fourier Transform of a sequence is computed using a Fast Fourier Transform. Fourier analysis 

transforms signal's original domain typically time domain into frequency domain representation [12]. 

 

 

Fig. 3. Fast Fourier Transform. 

3.5.  Mel filter banks processing 

After the signal changed from time domain to frequency domain, this progression required for assessment of Mel-

filter banks. The human hearable framework is unequipped for getting discourse on a direct scale [13].  

The Mel scale depends on how individuals see pitch. Mel Scale Channels are triangular, straight beneath 1 KHz 

and logarithmic above 1 KHz. The Mel Scale filter bank is displayed in Fig.6 [14]. A progression of band pass channel 

is utilized in the filter bank investigation. The channel bank is an assortment of covering triangular band pass channels 

organized in a Mel frequency scale [15,16]. 

 

 

Fig. 4. Relationship between frequency scale and Mel scale. 
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The condition of above shows the connection between Mel scale frequencies and direct frequencies. For MFCC 

calculation, filter banks are for the most part carried out in frequency domain. The greatness of recurrence reference of 

each channel is triangular, and the result of each filter is the amounts of its separated range parts [17]. 
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Fig. 5. Filter bank on Mel scale. 

3.6.  Cepstrum 

The Mel Spectrum is eventually translated or converted to time domain. Mel frequency Cepstral Coefficients are 

the end consequence of this process.  

For the predetermined casing investigation, the cepstral depiction of the discourse range precisely addresses the 

signals of the neighborhood otherworldly highlights. The discrete cosine transform may be used to transfer the Mel 

spectrum coefficients into the time domain because they are real values [20]. 
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Discrete Cosine Transform removes the pitch contribution. The log Mel spectrum in the long run gets changed 

over to time domain in the last stage. Mel frequency cepstral coefficients are the term referring to the outcome [18,19]. 

 

 

Fig. 6. Mel-filter creation. 

3.7.  Dynamic Features: Delta Derivatives 

It is feasible to acquire more subtleties speech highlight by utilizing a determination on the Mel frequency cepstral 

coefficients highlights, this approach allows the calculation of the first order delta and then the second order delta 

derivatives [21] that are gotten from the first order delta derivatives. 

The motivation behind applying a delta and the delta-delta derivatives or subsidiaries is to further improve the 

voice recognition. Differential and speech increase coefficients are alluded to as delta and the delta-delta coefficients. 
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Where, dt signifies the delta coefficients assessed with regards to static coefficients at time t. The speed increase or 

acceleration or delta-delta coefficients [21] are registered similarly, however rather than using the static coefficients, the 

differential coefficient is utilized. 

As demonstrated in the accompanying conditions, the first order delta derivatives and double delta derivatives not 

entirely set in stone. The delta coefficient portrays the discourse rate, though the double delta coefficients depict the 

data that is connected with discourse speed increase. 
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4.  Results 

In wake of executing each course of extricating the Mel-frequency Cepstral Coefficients let us look at the 

representation of MFCC Coefficients. It is somewhat looks like a bidirectional cluster or the framework. The 

representation of the MFCC is displayed in the accompanying delineation that were elapsing the inspecting rate and the 

y axis have different coefficients. Presently we are planning between the varieties and mathematical qualities. 

 

 

Fig. 7. MFCC Extracted 

In this segment, we can envision the delta and double delta coefficients concept displayed in the representation 

after the utilization of the delta derivatives on the Mel frequency cepstral coefficients. we get the visualization of the 

MFCC after working on the MFCC coefficients. we will get the first and the second order derivatives of MFCCs. 

 

 
 

Fig. 8. MFCC Delta -First Order Delta Coefficient Extracted visual 

 

Fig. 9. MFCC Delta -Second Order Delta Coefficient Extracted visual 

After using the Mel-frequency cepstral coefficients technique we find that the distortion in second order delta 

coefficient is very less and good performance. Therefore, the pitch of the speech is easily recognized at every stage of 

the frequency of voice. 

5.  Conclusion 

We have endeavored to introduce a point-to-point investigation of Mel frequency cepstral coefficients technique 

in this paper, which will help the specialists or researcher in facilitating their comprehension in this domain. The 

fundamental objective of this paper is to give a concise outline of the means associated with extricating features from 

raw signals through a set of procedures. A great deal of examination is being done in this field to work on the 

presentation of speech recognition systems. Overall, the paper emphasize the clarity of speech and easily recognize the 
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voice with the help of MCC techniques. In future there will be use spectrogram windowing with the hybrid algorithm of 

deep learning techniques that may be more improve the performance of the automated speech recognition system. 
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