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Abstract— In this work, the general characteristics [2] of a 

speech signal have been presented and described, and they 

have been organized judiciously according to the different 

aspects [5] that can be contained and characterized by such a 

signal, and Cited various tools [10] that are currently used in 

a signal, to arrive at a clear and fairly complete description of 

the latter. Indeed, there are a large number of characteristics 

that can be extracted from the speech signal; we cite the 

acoustic, phonetic, morphological characteristics ... Also 

those which make it possible to discriminate particular 

classes [8] sound. However, given our goal of a complete 

description of the speech signal, we will focus more on 

general characteristics not related to particular classes. 

Finally, the speech signal can be processed by a set of 

mathematical and physical tools [8], also via various 

acquisitions and editing equipment. Once the processing 

steps have been completed, acoustic vectors [10] will be 

present which will facilitate their use for recognition [3]. 
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I. INTRODUCTION 

Voice technologies sweep our daily environment. Interactive 

voice systems [1], onboard voice control, and a large number 

of products are currently available on the market (Games, 

mobile phone..) to the professional (TV, security, avionics..). 

In order to fully exploit this speech signal, the 

multiple signal processing techniques [3] are used, in order to 

benefit from perfect analysis, optimal processing, correct 

coding, and tricks of calculations sufficient to extract the 

information that completely represents the true acquisition 

signal [5] to subsequent uses. 

In addition, voice interaction allows interacting 

during treatment with interfaces in the user environment, 

allowing fighting against the success of the task. For example, 

a simple orientation of the microphone may cause annoying 

disruptions good recognition [10]. 

Before proceeding further, it is advisable to identify 

and specify the maximum of the characteristics in order to 

surround and to capture more this speech signal in its totality. 

Therefore, the aim of this work is to optimize the 

processing chain [10]; and selecting the relevant parameters 

[13] from the occurrence of the existing values; in order to 

improve and model the analysis and treatment procedure. 

II. PROBLEMS AND OBJECTIVES 

A. Description of the Acoustic Signal 

 General Signal  

The signal is generally a complex wave which can be 

considered as a linear combination of sinusoidal single waves 

of different frequencies. 
 

ψ(t) = ψ0 ei(nωt+φ) +C0                                   (1) 

For simple signals, and taking into account the non-

complexity of the calculations, we can write: 

ψ (t)=∑ s(t)gn(t)        nϵ[1, +∞]                   (2) 

s(t) Is the signal to be analyzed and gn(t) are the 

functions of representation as sinus and cosinus (ideal 

functions for this representation). 

 Sound Signal 

More generally, in the indefinite domain of frequencies, 

taking into account parameters and characteristics [2] of the 

signal, and without neglecting certain initial conditions, we 

arrive at the simple sinusoidal form: 

s(t)=A0 ∑sin(nωt+ φ0) +B0      nϵ[1, +∞[      (3) 

The simple sound signal that exists is the 

monochromatic sound, which is a constant amplitude 

vibration, on a single frequency, during indefinitely, like a 

continuous whistle. To make the signal carries information, it 

must be modulated; and applied for duration T0, with 

amplitude A0. 

s(t) = A0 sin[ωt + φ0]+ B0                                (4) 

 Speech Signal 

Speech is thus a series of sounds produced either by 

vibrations of the vocal cords (quasi-periodic source of 

voicing) or by turbulence created by the air flowing in the 

vocal tract or when an occlusion of that voice is released 

(Noise sources and unvoiced sounds). 

In reality, we can't describe the signal of speech in 

a comprehensive manner, it always presents ambiguities. 

B. General characteristics of the speech signal 

To properly prepare this vibration of speech for good 

recognition, the elementary components [13] must be 

identified and described with a judicious and detailed manner. 

Here we have cited some important notions and 

characteristics [6] of the speech signal, in order to highlight 

the problems posed during its treatment. Then the signal of 

the speech can be represented taking into account several 

notions [5] such as: 

 Prosody, 

 Acoustic, 

 Phonetic, 

 Spectral 

 Morphology, 

 Semantics, 

 Pragmatic, 

 ... 

Taking into account of all these aspects, i.e., make a 

maximum analysis and an effective and selective treatment 

for the treatment parameters, allows us to reduce the error rate 

and increase the recognition rate. Really is not the case. 

C. Classification and organization of acoustic parameters 

These characteristics can be classified according to whether 

they are input characteristics (test parameter sets to be 
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modified), or output characteristics, as parameters resulting 

from the application of processing techniques on the realized 

corpus. 

 Input Parameters 

The values of these parameters are gradually varied 

(Illustrated in the Table 1), in order to study and analyze the 

effects of these variations on speech recognition. 

Paramete

rs 

Aspect 

Temp

oral 

Freque

ncy 

Spect

ral 

Statist

ical 

Determi

nist 

Recordin

g time 
x     

Sampling  x    

Coding    x  

Formatti

ng 
x     

Segment

ation 
x     

Windowi

ng 
x     

Splitting    x  

Amplific

ation 
x     

Filtering  x    

Emphasi

zing 
 x    

Smoothin

g 
x     

Table 1: Input parameters according to the analysis aspects. 

 Output parameters 

These parameters (Illustrated in the Table 2) are taken into 

account to evaluate the effects of changes in input parameters. 

Paramet

ers 

Aspect 

Temp

oral 

Freque

ncy 

Spect

ral 

Statisti

cal 

Determi

nist 

Energy, 

Intensit

y 

x     

Amplitu

de, 

Height 

x     

Average

, Max, 

Min 

x   x  

Covaria

nce, 

Deviatio

n 

   x  

Pitch 

(F0), 

Formant

s 

 x    

Spectre   x   

Cepstre x     

Stamp   x   

Zero 

crossing 

rate 

x     

Partition 

function 
    x 

Spectral 

flow 
  x   

Spectral 

centroid 
  x   

Spectral 

rolloff 

point 

  x   

Table 2: Output parameters according to the analysis 

aspects. 

D. Analysis and Signal Processing 

As shown in our study [10], the processing method is 

schematized in the following figure; this is a digital 

processing to make the signal to handle, effective and robust. 

In this work we interested only to the part of acquisition and 

analysis (Segmentation and Windowing). 

 
Fig. 1: Channel analysis and signal processing. 

III. MATERIALS AND METHODS 

A. Context of work 

This work is carried out in an empirical manner, and without 

any clear methodology to guide us in the choice of 

characteristics to be included in the acoustic vector. Our 

objective is to propose and use several analysis parameters 

encountered in the field of ASR [9] (Automatic Speech 

Recognition). 

The extraction is done by combining the 4 methods 

(LPC-MFCC-PLP-RASTA) of extraction; already realized in 

our work [10]. To facilitate the phase of the recognition it was 

limited to the DTW extractor. 

B. Preparation of the reference corpus 

The choice of equipment and acquisition [2] conditions have 

a direct reflection on the quality of the speech signal, 

consequently on the quality of the recognition. As our 

comparative study [10] of acoustic vectors, The Table 3 

collecting the acoustic characteristics, to realize the basic 

references containing Arabic numbers (0 to 9). The corpus 

record is done for one Moroccan speaker.  
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Parameter Value 

Format Mono, (.wav) 

Sampling 8 Khz 

Codage 16 Bits 

Frames number 50 

Recording time 5 Secondes/digit 

Windowing Hamming 

Corpus 10 Arabic numerals 

Table 3: Acoustic characteristics of the speech corpus. 

Each number {0 to 9}, constituting the basic test given 

by a single speaker; tested with other numbers {0 to 9} 

(forming the base for references), these files are distributed 

as follows: 

 Directory "dictionaries" contains 100 files form the 

references: 10 digits, each digit pronounced 10 times (10 

trials). 

 Directory "tests" contains 10 files form the tests: 1 digit, 

each digit pronounced once (1 trial). 

C. Registration and formatting the test corpus 

The process of learning [11] and manipulation consists in 

changing the acoustic parameters of acquisition and analysis 

each time in both parts: reference and test. For the other 

parameters are fixed to the default values (most used values). 

D. Parameters used and changed during the tests 

 Data formats. 

 Sampling frequencies. 

 Number of coding bits. 

 Number of frames. 

 Duration of frame. 

 Windowing. 

E. Cleaning and strengthening of the signal 

This task is performed directly on the recorded "sounds" files, 

using the mathematical tools [3] known in signal processing. 

The different pre-processing sound effects [6] that a speech 

signal can undergo are summarized as follows: 

 Delete Silence [9] (Silence-Speech Separation): Reduce 

the stored files sound on the memory. 

 Voice Activity Detection (VAD)[7].  

 Filtering (Speech-Noise Separation): Multiply the 

analyzed signal in the frequency domain by a weighting 

function. 

 Emphasis: Increase the amplitude of the treble sounds, or 

reduce the amplitude of the bass sounds. 

 Smoothing [6]: Remove the insignificant segments from 

the assembly. 

 Amplification: Multiply the signal by the windowing 

signal (Hamming), keep and amplify that the main part 

of the signal. 

F. Recognition Rating Factor 

To evaluate the empirical results obtained, a Recognition 

Performance Factor [12] was used RPF [10] defined as 

follows: 

RPF=(Number of recognized trials)/Number of total 

trials)*100         (5) 

G. Signal Comparison Domains 

These are the two domains [7] of presentation and 

comparison of the signal, the temporal and spectral domain, 

the passage is ensured by application of the FFT and FFT-1. 

 Temporal Comparison 

 
Fig. 2: Comparison of two signals in the temporal domain. 

 Spectral comparison 

 
Fig. 3: Comparison of two signals in the frequency domain. 

It clearly appears that the comparison of the signal in the 

frequency domain and more reliable and clear than that in the 

time domain. 

IV. RESULTS AND DISCUSSION 

A. Quantification Effect: (Amplitude Cutting) 

This number reflects how many bits of coding treated simult

aneously; it follows a law of 2n. The Table 4 shows the result 

of this effect. 

 Results 

Coding 

(Number 

of bits) 

Recognition 

RPF (%) for 

{0-9} digits 

Processing 

Time (s) 

8 90 
4 (Most 

used) 

16 90 4 

24 90 4 

32 90 4 

Table 4: Result of the coding effect on the recognition. 

 
Fig. 4: Effect of coding on recognition and processing time. 

 Observation and Discussion 

 The increase in the number of coding bits necessitates the 

increase of the recording time. 

 Increase the number of coding bits has no effect on the 

recognition or on the processing time. 
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B. Sampling effect: (Sampling frequency: Fe) 

To correctly represent the signal, the compatible sampling 

frequency must be used. The result is shown in Table 5. 

 Results 

Sampling 

frequency(Khz) 

Recognition 

RPF (%) for 

{0-9} digits 

Processing 

Time (s) 

8 (Telephony) 60 3 (Most used) 

11,025 40 4 

16  (PC, Audio 

conferencing) 
40 7 

22,05 (PC, Audio 

ADPCM) 
60 18 

32(Radio diffusion: 

DAB, NICAM) 
70 12 

44,1 (CD Audio, 

Digital Studio, DAT) 
70 52 

96 (Modem, Telecom) 50 636 

Table 5: Result of the sampling effect on the recognition. 

 
Fig. 6: Effect of sampling on recognition and processing 

time. 

 Observation and discussion 

 The most used sampling frequency (8 kz) is fast but has 

an average recognition rate.  

 When the sampling frequency increases the recognition 

and the processing time also.  

 For the transmission frequency (modem, telecom), an 

average recognition rate is cited, but very slow. 

C. Effect of the data format 

This is the format for recording [10] of the sound track in the 

file. The test result is stored in the Table 6. 

 Results 

Formatting 

(Data 

format) 

Recognition  

RPF (%) for {0-9} 

digits 

Processing 

Time (s) 

uint8 0 1 

int16 30 1 

double 80 1 (Most used) 

single 100 1 

Table 6: Result of the data format effect on the recognition. 

 
Fig. 5: Effect of formatting on recognition and processing 

time. 

 Observation and discussion 

 The data format does not affect the processing time. 

 The best data format is "single", is different from the 

most used one. 

D. Effects of the number of frames: Segmentation 

This number (form 2n) avoids artifacts related to the side eff

ects during the transformation of the temporal [7] domain in 

the frequency domain. Table 7 shows the result of 

segmentation [4] of the signal over several frames. 

 Results 

Fragmentation 

(Number of  

frames) 

Recognition 

RPF (%) for 

{0-9} digits 

Processing 

Time (s) 

8 70 0.5 

16 50 0.5 

32 70 0.7 

64 90 1.5 (Most used) 

128 70 3.8 

256 90 11.4 

Table 7: Result of the splitting effect on the recognition. 

 
 Fig. 7: Effect of fragmentation on recognition and 

processing time. 

 Observation and discussion 

 As the number of frames increases, the processing time 

also increases. 

 As the number of frames increases, the processing time 

and the recognition rate also increase. 

E. Effect of the duration of the frame 

The sampling period is the time separating two successive 

samples [7], is the inverse of the period: Te=1/Fe. This 

parameter is related to the number of frames, if the total 

number of samples is N, the signal will have a total duration 

of NTe. The time scale will therefore extend from 0 (s) to NTe 

= N / Fe (s).  

The report of this effect is inversely proportional to 

the results obtained for the number of frames. 

F. Windowing effect 

In order not to lose important information at the beginning or 

at the end of windows, and to attenuate the discontinuities, 

for each slice there is an offset of 10 ms, called windowing 

technique [11], for have a continuous sound signal of 

reasonable size compared to the computing capabilities of the 

recognition systems. The speech signal is thus transformed 

into a series of vectors computed for each frame [7]. The 

results of the application of windowing types on recognition 

are shown in Table 8 below. 

 Results 

Windowing 

type 

Recognition 

RPF (%) for {0-9} 

digits 

Processing 

Time (s) 

Hanning 70 1.4 
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Hamming 80 1.5 (Most used) 

Rectangular 50 1.6 

Triangular 60 1.6 

Table 8: Result of windowing effect on the recognition. 

 
Fig. 8: Effect of windowing on recognition and processing 

time. 

 Observation and discussion 

 The processing time varies slightly between these 

windowing methods. 

 The best method of windowing is that of hamming (more 

used). 

G. Best result collection 

 Results 

In the table (Table 9) the best values for the parameters used 

in the higher tests were identified, in order to arrive at the 

selection of the relevant parameters [13]. 

Parameters Best Values 
Recognition 

RPF (%) for {0-9} digits 

Coding All Values 90 

Sampling 32 Khz 70 

Formatting Single 100 

Fragmentation 64 90 

Windowing Hamming 80 

Table 9: Collection of best values of parameters applied to 

the speech signal. 

 
 Fig. 9: Result of recognition with best value. 

 Observation and discussion 

Using these parameters selected, and their best values, a 

rather high recognition has been obtained; with optimal 

processing time. 

V. CONCLUSION 

Recognition is more efficient by examining some primordial 

values, only as the data format, frame duration, and 

fragmentation report. By adding or combining other 

characteristics, such as scanning parameters, and windowing 

... We got a considerable rate of recognition, with an 

acceptable processing time.  

In order to improve the performance of the system, 

the choice of these parameters must be judicious and careful 

to better separate the speech signal to that of any disturbances 

and parasites (silence, noise, degradation, assembly, 

crackling, melting, clicks and cracks ...). 

It should be noted that its acoustic vectors do not 

present the entire signal in question. The human perception is 

modeled by the frequency and spectral characteristics, since 

they are the same characteristics as the human brain. 
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