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Abstract 

Currently, speech recognition not yet optimized, it still has difficulties, in particular when it comes to the recognition in the 

Arabic language. This complexity is due to the ambiguities contained in the speech signal, and the various obstacles encountered 

during the processing of the signal. Indeed, a comparative study of extraction methods (LPC, MFCC, PLP, and RASTA) is 

made, and a review of existing combinations is carried out, to assess the rate of recognition of authentication systems. Our goal is 

reserved to develop an extractor’s recombination using the HMM classifier, with the aim of reaching a full treatment with a 

considerable amount of extracted vectors acoustic, in order to improvement the recognition rate of Arabic numerals.   
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________________________________________________________________________________________________________ 

I. INTRODUCTION 

The step of extraction of acoustic vectors [5] [6]  is fundamental in speech recognition systems. Its role is to provide relevant 

representation of information to deal with the classification module located downstream in the processing chain. However, the 

problems of optimal representation of the signal are now far from being resolved. 

This work is part of signal processing, specifically in extraction methods [4], and coding of acoustic parameters [8]. However, 

it seems reasonable to think that coding method is suitable for a particular task which allows improving system performance. The 

goal is to provide an overview of the extractions technologies of acoustic vectors, and existing or potential combined 

applications, which are to adapt the feature extraction module to the task in order to process with several algorithms [6] of 

extraction. 

Indeed, several extraction methods arise, including the most famous ones namely LPC [18], MFCC [18], PLP [8] and RASTA 

[12], these methods have common properties, but each of which is characterized by a special treatment, depending on the context 

of use, and each has advantages and disadvantages. 

Afterwards, we compared different methods [6] [12] according to the aspects they take into account, as we explored their 

already existing combinations [6]. Since the main idea of multi-stream systems [15] is to combine several sources of information 

to improve the performance of automatic speech recognition systems. 

Hence, to degrade the complexity [4] of the signal, or solve the problems [2] of processing and the influence of the speaker 

marked at this level, and ameliorate the extraction principle, we proposed and discussed a new Recombination of these 

extractors; which consists of collecting as much information [8]  extracted from the speech signal;  in order to add more 

performance and trust,  therefore overcome some obstacles at this stage, with the objective of increasing the resistance and 

robustness of speech recognition system. 

II. PROBLEMS AND OBJECTIVES 

 Complexity of the speech signal 

Here it comes to quote some features [3] and important aspects of the speech signal to highlight the problems [1] during his 

treatment. In fact the speech signal can be represented by several aspects such as: 

 Temporal aspect, 

 Frequency aspect, 

 Stationary aspect, 

 Linearity aspect, 

 Static and dynamic aspect, 

 Deterministic and random aspect, 

 Statistical and probabilistic aspect, 
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So it seems difficult to model and manipulate the speech signal, taking into account its redundancy [2][17], its ambiguities [2], 

and a very high variability [3] (Intra locator, Inter locator, Environment,…) for the same lexical content.  

Indeed the signal of speech [1] is quite a complex mixture of acoustic features [5] (Formants, F0, Energy and Spectrum,...) i ts 

traits are even related to perceptual variables [2][3] such as: Pitch, Timbre, Intensity, Speed, Intonation, Noise,... 

This leads to different types of disparities. An individual never pronounces a word twice identically; this causes problems at 

the level of recognition. 

Thus, several studies are conducted with the objective of having robust recognition systems to noise, but the signal processing 

performances are still far from being reached, which makes it a bit complicated treatment, and may be degraded. 

 Comparison of the Old Extraction Methods 

Comparative studies were done before [11] [12], and performed in our work [13], the following table illustrating an overall 

classification of these different extractors according to the most used criteria in signal processing: 
Table - 1 

Organization of the extractors according to the evaluation criteria 

Criterion Temporal 

Aspect 

Frequency 

Aspect 

Linearity 

Aspect 

Auditory 

Aspect 

Use 

Filtering 

Robust To 

Noise Extractors 

LPC       

MFCC       

PLP       

RASTA       

Among these methods several combinations are already completed and tested, so it is difficult to compare the results of all 

these methods, and those of their combinations [10][15] already exist; since the test databases [13], the classifiers used, 

annotation and evaluation criteria (Table above) vary considerably from one study to another, so the parameters and 

characteristics of sound signals used and segmentation methods are also specified. 

 Functional Diagram of the Extraction Techniques 

Taking into account the methods [14]of signal processing, and in our comparative study already cited in [13], the Fig.1 show the 

treatment steps in the form of blocks for different methods, from acquisition and analysis phases up to acoustic parameters: 

 
Fig. 1: Functional diagrams of the extractors will be combined. 
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 Combinations Already Completed 

Many recombinations were performed in this domain, and summarized in our work [13]. However, we can declare among those 

presented encouraging results as: 

 LPCC-MFCC [10], LPC-MFCC [19],  

 LPC-RASTA [10], LPCC-RASTA [10], 

 MFCC-RASTA [10], PLP-RASTA [8] [15][10],  

 LPC Smoothed MFCC [14], MF-PLP[14], 

 CJPLP-RASTA [8], J-RASTA-PLP [15],  

 LPC-MFCC-PLP-RASTA [13], using DTW.  

Or just additional factors that have been added to the extraction techniques such as:  

 LPC+ Energy+ ZCR [12], MFCC+ Energy+ ZCR [12], PLP+ Energy+ ZCR [12],  

 MFCC FM-AM [11], MFCC-MSR [11], PLP6-MSR [11], LPC-MSR [11], PLP-MSR [11],  

 LPCC-CMS-ACWC [10], MFCC-CMS [10]. 

These solutions and suggestions led to modest results but not enough ones, the rate of recognition is not yet stabilized and 

maximized (not reach 100%), since they take some aspects of the speech signal neglecting others. 

III. MATERIALS AND METHODOLOGY 

 Classification Method 

To overcome the vagaries of pronunciation, our tests are use the HMM [8] [15] (Hidden Markov Model). Using the acoustic 

process, it gets a list of phonemes over times (due to FFT). However the words may be pronounced more or less slowly, so the 

duration of phonemes can vary. The Markov model corrects this detail keeping only the succession of sounds.  

 Why the choice of HMM? 

Using HMM [15] is based on two main tasks are controlled by three types of algorithms: 

 Assess the likelihood of an observation sequence given the model (Forward algorithm), 

 Consider all possible paths through the topology of the Markov model (Baum-Welch algorithm), 

 Find the most likely path (optimum) through the model of an observation sequence given (Viterbi algorithm). 

 Advantages of HMM 

HMM presents several advantages among: 

 Modularity: HMM can be combined into more HMMs, 

 Statistics: Introducing random process (a stochastic finite state machine with issuers states), 

 Transparency: Easy design of architecture, with good design, 

 Power: More powerful modelling tools (for probabilities) than many statistical methods, 

 Temporal aspect: Models the temporal evolution, but with limits, 

 Mathematical analysis of results, and free manipulation of training process. 

 Acquisition and Configuration of the Database 

As our comparative study of acoustic vectors already realized in [13], The Table - 2 collect the acoustic characteristics, to 

establish the basic references containing Arabic numbers (0 to 9). The corpus record is done for one Moroccan speaker. 
Table - 2 

Acoustic characteristics of the database speech 

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 

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). 

 Approach multi band extraction with HMM classification 

We proceeded to the multi band recombination created in [13] using HMM classifier, which was combined those extractors: 

 LPC[19] 
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 MFCC[19] 

 PLP[8] 

 RASTA[12][13] 

So we adopted this recombination (Fig.2) so as to condense and concatenate [12] acoustic parameters, ensuring maximum of 

elements resources, and use for the adaptation and reduction [11] [15] acoustic elements, to have just discriminating parameters. 

For reasons of compilation’s optimality [3], adaptability [3] and normalisation [3], it leads to the transfer [6] and transcription 

[9] parameters, this task is assured by the passage from a redundant representation (Hilbert space) to a reduced space (proper 

space). 

 
Fig. 2: Recombination multi band Approach (Diagonalization). 

This extraction method developed takes in common and at once the following aspects: 

 Adaptation and discrimination, 

 HMM advantages.  

 Temporal and frequency, 

 Linear and nonlinear, 

 Psycho acoustic and perceptual. 

 Performance Space 

 Representation Space 

Indeed, the family on which decomposed the signal not being free, the coefficients of the decomposition are redundant, and the 

representation is not reduced. However, this representation has the advantage of being more robust and less sensitive to 

disturbances. 

 Free space (Base) 

As against the representation in a database uses less memory which reduces the computation time as more, especially compiling 

Matlab is still slow, and time consuming when it comes to huge processing performed on the speech signal. 

 Discrimination and optimization of acoustic vectors 

View this recombination; it has resulted in a considerable amount of acoustic vectors, which affects the time manipulation if used 

Matlab as a practical tool in this work, so the task of the reduction and discrimination are passed through three methods: 

 LDA 

Indeed, the approach adopted is the principal component analysis LDA [6] (Linear Discriminant Analysis), is a method that 

provides a linear transformation [6] of the observation space Ep (dim Ep= p), in an acoustic vectors space Eq (dim Eq = q) (q<p).  

 DFE 

So to further enhance and improve the quality of acoustic coefficients, and avoid certain types of noise, the second analysis 

technique adopted is the DFE [6] (Discriminative Feature Extraction), the base of this method is that extraction and classification 

steps must be driven simultaneously to improve the system of recognition. 

 ACP 

Among other techniques of discrimination that is used ACP [6], she studied the rows and columns of the centered and reduced 

matrix (eigenvalues and inertia) acoustic vectors, after we using diagonalization by block. 
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IV. RESULTS AND DISCUSSION 

 Detailed results of the extraction methods: 

The table - 3 shows the detailed results for the tests of a number from 0 to 9 with a lot of digits in the base {0,1,2, ..., 9}, by the 

old techniques (LPC, MFCC, and PLP-RASTA) and with the approach recombination, using HMM as classifier. 
Table - 3 

Recognition detailed report of the Arabic numbers by all methods. 

Extractors LPC MFCC PLP-RASTA 
Approach multi band 

(Recombination) 

Digits RPF (%) RPF (%) RPF (%) RPF (%) 

0 (Siffr)70 80 80 50 صفر 

1 (wahed) 90 50 70 40 واحد 

2 (Ithnan)70 50 60 50 إثنان 

3 (thalatha) 90 60 50 40 ثالثة 

4 (Arbaa)80 70 80 60 اربعة 

5 (Khamsa) 70 60 60 40 خمسة 

6 (Sitta)90 80 100 30 ستة 

7 (Sabaa)70 50 50 30 سبعة 

8 (Thamania)90 70 70 30 ثمانية 

9 (Tisaa)100 60 50 20 تسعة 

 Average results of recognition for the extraction methods 

We collected in the table - 4, the average results of scores for the all methods. 
Table - 4 

Recognition average report by different methods 

Extractors FPR (%) 

LPC 39 

MFCC 67 

PLP-RASTA 63 

Recombination 82 

 Graphic Results 

The Fig.3 and Fig. 4 shows successively the graphic result of Table -3 and Table - 4, comparing the new approach multi band 

method with the old extractors: 

  
Fig. 3: Detailed result of recognition digits by different methods.    Fig. 4: Average result of recognition for different methods. 

 Comparison and discussion of Different Extraction Methods 

 Recognition using DTW in our last study [13] is less than using HMM classifier, 

 Always MFCC shows better recognition (RPF report) as LPC or PLP-RASTA,  

 The new Recombination shows RPF report is higher than the old methods except for some numbers 0 and 6. 

 The RPF factor is increased by 15 % (from 67 to 82) compared to the best result of the old methods (that of MFCC). 
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V. CONCLUSION AND PERSPECTIVES 

In this manuscript, we became interested in the foundations of the theory of classification of acoustic vectors, and we saw what 

the theoretical foundations of the various used algorithms. 

After, we had to compare these various methods of classification using HMM as a classifier and according to the applied 

aspects taken into account, and then flew on different recombination systems already made over the last decade, by comparing 

the results of multiple searches and work in several laboratories using well defined contexts. Indeed, these works on some 

methods have presented better and more efficient results. 

This has enables us to offer and to chart a way out approach to recombination of already existing methods, to increase the 

level of the comparison and to raise the quality of recognition. 

With the completed new approach of recombination, results are significant and encouraging, and as future work we can devise 

other combinations of extractors work and other hybridizations classifiers. 
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