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Abstract 
One of the main uses of artificial intelligence is automatic speech recognition. In this study, empirical 
mode decomposition is used to enhance the detection of speech dysarthria for speech recognition the 
problem in this paper is how to distinguish between the spoken words in Arabic we chose speech 
recognition by Empirical Mode Decomposition (EMD) to analyze the sound they were results as a 
confusion matrix results which indicates a classifier high accuracy (0.8966). Using 29 sounds to 
recognize by the EMD method the primary objective of this paper is to use EMD to Dysarthria speech 
recognize Arabic speech in real-time. 
 
Keywords: Speech recognition, Automatic Speech Recognition (ASR), and Empirical Mode 
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1. Introduction 
Speech is the major form of communication between people, giving birth to the several 
subfields of speech processing that are now in use. Speech is an extremely non-linear, non-
stationary signal, making it difficult to find this information. It is a signal generated by a 
highly developed psycho-acoustic system that humans have been using for thousands of years. 
Yet, it is more than just a tool for communication. It is a signal that contains a lot of 
information about the speaker, including their age, height, physical characteristics, general 
health, identity, mood, accent, and more [10]. Arabic is the official language of 22 countries and 
is spoken by more than 400 million people. It is regarded as being the fourth most widely 
spoken language online. Sharaf and Atwell MSA a variant of Arabic used in literary works and 
the Qur'an, which is written as well as used in official speeches, daily letters, and other 
informal situations. Machine Translation (MT) and Sentiment Analysis (SA) are the two tasks 
on which the majority of work has been done in SA over the past ten years [1]. A motor speech 
disease called dysarthria is caused by a number of abnormalities that affect the ability to 
control and carry out speaking movements. a loss of balance or a weakening of the speech-
related muscles [6] .We used one of the applications of artificial intelligence automatic speech 
recognition to speech recognition of artificial intelligence empirical mode decomposition 
method. The problem in this paper is how to distinguish how to improve speech recognition 
for Arabic-speaking people who have dysarthria. We chose automatic speech recognition 
through the empirical mode decomposition method to solve that problem. 
 
2. Automatic Speech Recognition Process  
SR's principal objective is to make it possible for machines to hear, understand, and react to 
spoken information. Typically, the aim of ASR systems is to analyze, extract, classify, or 
recognize the information spoken by people. The four steps for the speech recognition system 
are: [9]. 
1. Speech analysis  
2. 2-Feature extraction.  
3. 3-Modeling.  
4. 4-Testing 
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ASR is one of the most important uses of AI. The 
development of an ASR system for speech recognition 
necessitates the capture of speech signals, endpoint detection, 
feature extraction from speech signals, and a template 

matching algorithm. This post will discuss how to 
comprehend spoken Arabic numerals. Figure 1 displays the 
block diagram of the speech acquisition subsystem. 

 

 
 

Fig 1: Speech Signal Acquisition [2] 
 
To assure accurate recognition, Figure 2 depicts using signal energy in the endpoint detection process. 

 

 
 

Fig 2: Endpoint detection [2] 
 

3. Extraction of Features Using Empirical Mode 
Decomposition (EMD) 
Described how to adaptively decompose non-stationary 
signals that use the EMD approach, which produces a residue 
and a set of intrinsic mode functions that represent the signal's 
numerous oscillations. The EMD technique is a very effective 
tool for signal analysis, de-noising, and filtering because 
EMD is a great visualization tool for the hidden sub-signals in 
a non-stationary signal [3]. 
Detrending as well as numerous other uses. EMD adaptive 
analysis is well suited for defect identification in industrial 
flat surface products because it can discover short-term 
changes like minute flaws in a picture. The image's various 
spatial frequencies are separated by the following IMFs. The 
highest spatial frequency component in a picture is 
represented by the first IMF. The following high spatial 
frequency component is represented by the second IMF, and 
so on. The trend in the image is represented by the residence 
as an illumination trend. Sifting method the following sifting 
algorithm [4] is used to produce IMFs and residue 
1. Identify the extrema of the input signal image I(f, m) 
2. Interpolate the local maxima emax(f, m) of the upper 

envelope U(I) using the cubic spline  
3. Interpolate the local minima emin(f, m) of the lower 

envelope L(I) using the cubic splie 
4. Calculate the mean envelop of both U(I) and L(I): 
 

em(f, m) = emax(f,m)+emin(f,m)
2

  
 
5. Subtract the mean envelop from the image I(f, m): 

 h(f, m) = I(f, m) − em(f, m) 

6. If h satisfies the IMF condition stop sifting else I(f, m) =
h(f, m). 

 
To reconstruct the original image: I(f, m) = rL(f, m) +
∑ hj(f, m)L
j=1 , where L is the number of Intrinsic mode 

functions [12]. 
 
4. Related work 
Mohamed Sidi Yakoub in addition to others in 2020. Used 
Convolutional Neural Network (CNN), EMD, and Hurst-
based mode selection (EMDH), in combination with deep 
learning architecture to enhance the recognition of dysarthric 
speech This technique was employed as a preprocessing step 
to enhance the quality of dysarthric speech. The EMDH-CNN 
method increases accuracy by 20.72% and 9.95%, 
respectively, in terms of total accuracy [7]. 
Surbhi Bhatia and other individuals in 2022 Giving the ReLU 
activation function to the Convolutional Neural Network 
(CNN) model was recommended as a testing technique for the 
model with adjusted parameters. It thus proved difficult. 
Those who are blind or have low vision use a Braille display 
with a solenoid drive to control the Braille pattern. Braille text 
is 84% more accurately recognized when spoken Arabic 
numerals are present [5]. 
Hemant A. Patil and Prasad A. Tapkir in 2018. There were 
issues with the risk of spoofing attacks in that paper. A brand-
new EMD Cepstral Coefficient (EMDCC) feature set was 
suggested. By combining the proposed feature set with the 
linear frequency modified group delay cepstral coefficient 
(LFMGDCC) at the score level, we are able to reduce the 
EER to 18.36% [11]. 
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The technique for detecting speech activity was proposed in 
the paper and is based on Ensemble Empirical Mode 
Decomposition (EEMD) in conjunction with the dual-
threshold approach, which incorporates EEMD's 
decomposition. Hence, the VAD algorithm's anti-noise 
performance can be enhanced by the generation of state 
aliasing [13]. 
For the purpose of locating wind turbine bearing faults, a 
feature extraction approach was published in the study. The 
whole ensemble empirical mode decomposition with adaptive 

noise is used to extract time-domain features (CEEMDAN). 
[14]. 
In the study, a technique for an HIM recognition system was 
suggested. The maximum Lyapunov exponent is used to 
extract the features of multi-modal signals, empirical mode 
decomposition (EMD) is used to preprocess multi-modal 
signals, and the threshold segmentation approach is used to 
segment motion (MLE). The results are then subjected to a 
comprehensive non-linear data analysis [15].

 

   

Fig 3: Flowchart of the Sifting Process [3] 
 
5. Results and Discussion 
We inserted the voice directly called Automatic speech 
recognition by Matlab language. The problem Patients with 
dysarthria speech produce sounds similar to those made by 
the first sound of a sound, however, it may be intermittent, 
intermittent, inaccurate, gasping, irregular, inaccurate, or 
monotonous, depending on the location of the damage 
Reading. In the work. The following figure 4, figure 5, and 
figure 6 shows the signal of each number. The entered data is 
saved in an array, and then the feature is extracted by EMD. 
The numbers that were entered are "واحد", "اثنان", and "ثلاثة", 
and after extracting the traits, we trained the data, and finally 
we tested the data. The number "ثلاثة" is the number with the 
most error rate because its letters are the most similar to the 

number "اثنان". We using 29 sounds to dividing into groups 
the first group represent the sound word (wahed) that numbers 
10, the second group represents the sound (Ethneen) that 
numbers 10, and the third group represent the sound 
(Thalathah) that number 9. Access to the speech signal by 
direct audio recording at different times of the day, some in 
the morning when we wake up and some at other times when 
we are sick, or when we are in a state of joy or sadness. A 
comparison was made between the method used and two 
previous works, and we found that the method used has a 
better result than the two previous methods, which are 
Mohammed Sidi Yakoub, et al. (2020) [7] and Surbhi Bhatia et 
al. (2022) [5]. 

 

Signal image X(m,n) 

Find Local minima envelope L(m,n) 

Find Local maxima envelop U(m,n) 

Mean Envelop M(m,n) 

C(m,n)=X(m,n)-M(m,n) 

Is C an IMF 

IMF = C(m,n) 

IMFS + residue 

r(m,n) > α 

Residue r(m,n)=X(m,n)-C(m,n) 

N 

Y 

N 

Y 
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Fig 4: Wahid 
 

 
 

Fig 5: Ethneen 
 

.  
 

Fig 6: Thalatha 
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The proposed approach has been tested on a limited data set 
consisting of three words (10 Wahed, 10 Ethneen, and 9 

Thalathah). EMD Decomposition of a spoken word into 11 
IMFs As shown in the following figure(7). 

 

 
 

Fig 7: EMD Decomposition of a spoken word into 11 IMFs 
 

 
 

Fig 8: IMFs Energy Features extracted from the training set of 29 spoken words from three classes 
 

To classify unseen spoken words a minimum distance 
classifier has been used according to the following formula: 
Assuming that z be the feature vector for the unknown input 
word, and let f1, f2, f3 be templates (for Wahed, Ethnan and 
Thalatha) for the three classes. Then the error in 
matching z against fk is given by || z - fk || .The vector u's 
norm is represented to here as || u ||. A minimum-error 

classifier determines the class for which the error is minimum 
by computing || z - fk || for k = 1 to 3. We refer to this as a 
minimum-istance classifier because || z - fk || also represents 
the distance between z and fk. Obviously, a minimum-
distance classifier is a template matching method. Testing 
Results for 29 sounds which belong to 3 spoken words. Figure 
(8) is summary that IMFs Energy Features extracted from the 
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training set of Summarizing the test results as a confusion 
matrix results which indicates a classifier high accuracy 
(0.8966). 
 
6. Conclusion 
The EMD speech technique is used to improve the quality of 
dysarthria speech one of the most difficult languages to 
distinguish between its words is Arabic, so we chose this 
problem and try to find the best solution. We look forward to 
expanding our work in the future by taking similar words and 
having different movements فتحة" "ضمة" "كسرة""  .Future work 
In fact opens up a new idea with Populistic Neural Networks 
(PNN) and we think that in the future can use PNN. 
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