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Abstract 

The speech signal processing is a technique to 

process the digital data to speech signals in computer 

code project. Development of this project can induce 

face to face interaction with machine. The digital 

representation techniques are used to process the 

signals, so speech processing can be observed as a 

distinct type of digital signal processing, applied to 

speech signal. Interaction between Human and 

computer leads to real computer game for that we 

propose new perception to machine and human can 

communicate with one another. Main goal of this 

project is to develop “Machine can be listening and 

replying by speech signal. 
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I. INTRODUCTION 
Speech recognition is a basic process used to 

reorganize an input speech signal that involves a 

microphone and speech recognition software. Speech 

recognition software is multipart system. The input 

sounds received from microphone this can be broken 

down into phonemes. The signals are typically handled 

in a digital depiction, so speech processing can be 

observed as a special case of digital signal processing, 

realistic to speech signal. Features of speech processing 

embrace the acquisition, manipulation, storage, transfer 

and output of speech signals. 

II. SIGNIFICANCE 

A conventional onward physical system can 

exhibit swinging or a pattern of moving signals that 

repeats with little difference with a hard and fast 

repetition time. The conditions that maintenance this 

sort of swinging are somewhat easy and enormously 

common within the physical world, that worth that the 

tranquil arithmetic labeling the link between the input 

and output (swing motion) rub on mostly adapted in an 

extremely big collection of things. In exact, we have a 

propensity to have an interest within the expansion of 

resonance that refers to the only ―best occurrence‖–this 

technique is the most important fluctuating amplitude 

ensues once the swinger give a shot energy at one 

frequency that depends on the corporal properties of 

the oscillatory system. 

 

 

III. SINUSOIDS 

The sine wave or sinusoid is a mathematical 

curvature that designates a smooth repetitive 

oscillation. The function of sine wave named as graph. 

It happensfrequently in pure and applied mathematics, 

as glowing as physics, engineering, signal processing 

and many other fields. 

 

Mathematical equivalents of the apparatus and 

some easy variants are remarkably common within the 

natural world. There are a handful of aspects of this 

common development that we must always note at this 

time about the form of the resonant wave [2]. 

 

 

where: 

 A = the amplitude, the peak variations of the 

graph from zero. 

 f = the frequency, the amount of fluctuations 

(cycles) that happens inevery seconds of time. 

 ω = 2πf, the angular frequency, the amount of 

variation of the function dispute in units of 

radians per second 

 = the phase, requires (in radians) where in 

its sequence the fluctuation is at t = 0.  
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Fig. 1 The Oscillation of an undamped Spring-Mass 

System 

 

IV. LINEARITY 

Fourier analysis is starting stage description 

there is alternative supporting to explore: one-

dimensionality. Appallingly, the main concept of one-

dimensionality is that scaling the input to a system 

produce scaling the output by an equivalent quantity–

that was implied the choice of discrimination the 

magnitude relation of input to output amplitudes. The 

level of input is at least at interludes affordable bounds 

did not rely on magnitude relation of input to output. 

Linearity is an idealization, but it is extensively obeyed 

in nature, mostly if circumstances are delimited to 

small deviations around some constant equilibrium. 

 

In signal processing, input to the system that 

generates output of another signal. For example a 

sound waveform as input and generates another signal 

as output. A linear system is one that has the linearity 

property and this organizes a large class of real- world 

systems together with acoustic surroundings or 

channels with rigid margins, as well as other fields 

including radio waves and mechanical systems 

involving of rigid connections, perfect springs and 

dampers. Of course, most circumstances of interest 

furthermore involve some nonlinear parts, e.g., the 

vocal folds that convert steady atmospheric pressure 

from the lungs into periodic pressure waves within the 

(largely linear) vocal tract. One-dimensionality has 

anenergetic and delicate significance superposition. 

The possessions of superposition implies that if you 

recognize the outputs of a specific system in response 

to 2 completely different inputs, then the output of the 

system in response to the total of the 2 inputs is just the 

total of the 2 outputs [3]. 

 

V. FOURIER ANALYSIS 

Fourier analysis incorporates an enormous 

range of mathematics functions. In the science and 

engineering, the process of decomposing a function 

into oscillatory apparatuses is often called Fourier 

transform, while the process of transforming the 

function from these pieces is known as Fourier 

synthesis. The core of signal process is analysis and 

also the core of analysis could be an easy however, 

somewhat fabulous fact: Any periodically-repeating 

wave is expressed as sinusoids, every scaled and shifted 

in time by applicable constants. Moreover, the solitary 

sinusoids desirable area unit that frequency is 

companion amount of multiple elemental frequency of 

the periodic sequence. These sinusoids area unit 

mentioned to as the harmonics of the fundamental 

frequency.  
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Fig. 2 Fourier Transforms Modulation. 

To get assistant in nursing every which way 

sensible calculation to associate in nursing absolute 

periodic undulation, it should be essential to include an 

awfully sizable amount of sinusoids i.e., continue up to 

sinusoids whose frequency is incredibly ten high. 

However, it give the impression that the scrambling of 

any single sinusoid that proposals the most effective 

estimate does not depend onhow many number of 

sinusoids square measure are used. Thus, the most 

effective calculation victimization solely many 

sinusoids will be resultant from a higher-order, 

additional correct approximation just by tumbling a 

number of the harmonics. 

 

VI. ANALYSIS OF FILTERS 
In signal process, a filter is essential parts of 

system with an input and an output, however, the term 

point toward that the properties of thesystem square 

measure being observed as accentuation bound aspects 

of the signal whereas reducing or removing bound 

others. In an exceedingly linear time invariant filter, it 

is the Fourier parts-sinusoids of differing frequencies-

that square measure designated, which means that they 

are either amplified (made larger) or attenuated (made 

smaller). There are extremely many possible filters, 15 

even within this moderately narrow, idealized set, but 

they are naturally categorized according to the broad 

properties of how their mounting effects vary with 

frequency: a low-pass filter boosts low frequencies 

close to zero; high pass does the converse, attenuating 

lower frequencies; band-pass selects frequencies within 

a limited range, and band-stop or notch filters remove 

specific frequency ranges. 

Filters and signal process ensues in numerous 

places in acoustics and speech science, from cleansing 

up field records through to acting information 

compression on archives, conversely, its highest impact 

is in providing analysis tools which will live and 

measure totally different acoustic singularities and may 

be the primary acquainted of these is that the 

spectrograph. We are able to presently exactly describe 

however, a spectrographimage is built, victimization the 

concepts bestowed to date, however, initial we have a 

tendency to should mention an added reason why 

sinusoids and therefore, the frequency domain square 

measure thus vital and relevant for sound: the character 

of hearing. 

VII. SPEECH LANDSCAPES 

One dynamic and informative application is 

automatic speech recognition (ASR), wherever signal 

process is afraid at the terribly starting to transform the 

raw speech signals into options that commit to extract 

the data from the speech signal most appropriate to 

recognition, whereas excluding (being invariant to) 

indirect info and at a similar time creating the 

illustration as tiny as potential, to scale back the process 

burden. 

VIII. SPECTRAL LANDSCAPES 

Even though, spectral landscapes are only 

used directly in objectively rare environments, the 

enormous majority of speech recognition landscapes 

are fundamentally based on the spectrogram. In 

specific, speech is first segmented into overlapping 

short fragments of            20–40ms, which are given 

smooth boundaries with a tapered window, then 

transformed to the frequency domain to find the 

magnitude of the energy in each frequency band, while 

discarding the phase. One motive the unobstructed 

photograph is unpopular is that this can be still a really 

giant illustration e.g., 256 values per frame, that simply 

means that additional work and additional parameters 

within the later pattern recognition stages. In fact, the 

important challenge of speech recognition is with 

success recognizing totally different occurrences of a 

similar sound as cheerfulness to a similar category-for 

instance, a specific vowel distinct by folks and at 

different pitches. Twenty four an excessive amount of 

spectral detail tends solely to form this generalization 

more durable. 
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IX. MEL-FREQUENCY CEPSTRAL 

COEFFICIENTS 

The speech recognition the Mel-frequency 

Cepstral Coefficients or MFCCs are most communal 

features. Can be explained these two parts separately. 

The Mel-frequency scale could be a nonlinear planning 

of the hear able frequency differ that was planned 

inside the half of the20th century to excuse for 

listener’s judgments concerning the qualified distance 

between tones-a hard and fast separation on the Mel 

axis is meant to lead to pairs of tones that are judged as 

equally completely different in pitch. The size is some 

linear below a thousand cycle and some index higher 

than a thousand cycle, reflective the widely-supported 

result that human sound perception features an 

information measure that will growth with frequency-

this is often even discovered within the tube, wherever 

the resonant structures have broader and broader 

calibration and wider spacing, within the higher 

frequencies. The significance of this is that a 

predictable spectrogram, which distributes as many 

pixels to the spectrum between 0 and 500 Hz as it does 

to the 3500 to 4000 Hz range, seems to be paying too 

much attention to the higher frequencies at the expense 

of low-frequency details. 

 

 

X. CONCLUSION 

The input speech signal recognized by Fourier 

transform signal processing which produce sinusoidal 

output waveform.  Some characteristics of signal 

process, ranging from a minimum of expected 

background, with the aim of giving some extra insight 

into theproperties and that means of the signal process 

operations and results most frequently encountered in 

acoustics. 
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