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 ها بعد التحكيم المجلة ترحب بما ي  .رد عليها من أبحاث وعلى استعداد لنشر
       ى وتعمل بمقتضاها ام آراء المحكمير م كل الاحتر  .المجلة تحتر
 تبعاتها  كافة الآراء والأفكار المنشورة تعتر عن آراء أصحابها ولا تتحمل المجلة . 
   يتحمل الباحث مسؤولية الأمانة العلمية وهو المسؤول عما ينشر له. 
     ت أو لم تنشر  .   البحوث المقدمة للنشر لا ترد لأصحابها نشر

 (حقوق الطبع محفوظة للكلية)

 
  



 

ويــتربــلة الــمج  
Journal of Educational 

ISSN: 2011- 421X  
Arcif Q3 

1.36معامل التأثير العربي   

32العدد   

http://tarbawej.elmergib.edu.ly 
 

 

 :ضوابط النشر 
ي 
ي البحوث العلمية المقدمة للنشر أن يراعى فيها ما يأتر

 
ط ف  :يشتر

 .أصول البحث العلمي وقواعده   

ها أو كانت جزءا من رسالة    .علمية ألا تكون المادة العلمية قد سبق نشر

 .يرفق بالبحث تزكية لغوية وفق أنموذج معد   

 .تعدل البحوث المقبولة وتصحح وفق ما يراه المحكمون  

ات   ي وضعتها المجلة من عدد الصفحات ، ونوع الخط ورقمه ، والفتر
ام الباحث بالضوابط التر التر 

 .الزمنية الممنوحة للتعديل ، وما يستجد من ضوابط تضعها المجلة مستقبلا  
 : تنبيهات

ي تعديل البحث أو طلب تعديله أو رفضه  
 
 .للمجلة الحق ف

ي النشر لأولويات المجلة وسياستها  
 
 .يخضع البحث ف

 .البحوث المنشورة تعتر عن وجهة نظر أصحابها ، ولا تعتر عن وجهة نظر المجلة  
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Speaker recognition from speech using Gaussian mixture model 

(GMM) and (MFCC) 

 

Hanan A. Algrbaa, 

Computer. Dept. Academe Tertiary for Sciences and Technique ,Kasr Akiear 

 

Abstract :This research presents a comprehensive presentation of speaker recognition 

technology, beginning with the basics of self-identification, extracting some features 

from the voice, models used, updates and current developments, and identifying 

methods for the Speaker Recognition System 'SRS'. first we extracted features from 

the speech signal and then we give them to the statistical model . This study We use 

GMM as statistical model to create a unique voice print for each identity   

 Keywords (Speaker recognition , Feature extraction , Gaussian  mixture model 

[GMM], Mel Frequency Cepstral Coefficients[MFCC]. 

 

Introduction: 

Identification of the speaker: It is the process of identifying a person through his 

voice, as there are no two people with the same voice, and this is due to the difference 

in the vocal apparatus responsible for producing or issuing the sound from one person 

to another, and the size of the larynx, in addition to that each voice has what 

distinguishes it by it or it, with a specific dialect, and a special rhythm or intonation. 

In the recognition system, a number of these features of each person are extracted and 

an attempt is made to reach these differences as a way to identify the person more 

accurately. SRS is to convert the acoustic voice signal into a computer-readable 

format and to identify the speakers depending upon their vocal characteristics [1]. 

What is a speech recognition system?   

Speaker recognition is the process of automatically recognizing who is speaking on 

the basis of individual Information included in speech waves. 

 

Problem Definition and Applications Speaker recognition involves two stages: 

identification and verification,  

 In identification, the goal is to determine which voice in a known group of voices 

best matches the speaker. In verification, the goal is to determine if the speaker is who 

he or she. Recent studies were focused on the automatic speech recognition (ASR) 

because of its importance in many fields as banking, security, forensics , remote 

access to computers etc. Speaker recognition is the process of automatically 

recognizing who is speaking on the basis of individual Information included in speech 

waves. It is involves two types: Speaker identification and Speaker verification. 

Speaker identification is the process of determining which registered speaker provides 

a given utterance, It is determine which voice in a known group of voices best 

matches the speaker. Speaker verification is the process of accepting or rejecting the 

identity claim of a speaker, It is determine  whether the person speaking is the same 

person he/she.[18].This study search in Speaker recognition (identification).The 

process recognition can be divided into several stages: features extracting, Features 

Selection, and Classification. 
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The first stage Features Extracting: this stage is important to recognize, it is the 

computation of a sequence of feature vectors which provides a compact representation 

of the given speech signal. This stage will be read in the following section.  

 the MFCC is  the most common important features fore speaker recognition  and it 

gives of accuracy recognition, it was used in many previous studies it was perfect, 

there for it was selected and it has been improved by apply Ifft instead of  DCT .The 

MFCC were extracted from database, for 10 speakers whit 196 sentences, using 

matlab program,  The number of features was 13 features.  

Features Selection stage: The number the extracted features should be taken into 

account after extracting the speech features usually there are  huge number of features 

,  are  repeated and  less effective for  recognition speaker,  it should not be a big 

number, statistical models for example as Gaussian mixture model cannot cope with 

the higher dimensions data.  therefore we need to selection or reduction dimension 

this features.  

Dimension Reduction  These techniques are typically used while solving machine 

learning problems to obtain better features for a classification or regression task. 

Normalization is the process of scaling individual samples to have unit norm. This 

process can be useful  to use a quadratic form such as the dot-product or any other 

kernel to quantify the similarity of any pair of samples. 

in this stage used different methods to reduce dimension of the features to obtain good 

classification results. Before apply reduction dimension apply normalization on each 

data  (features). In this study was used three reduction methods: Low Variance Filter, 

Principal Component Analysis (PCA) and Backward Feature Elimination. whit two 

normalization  methods .So  this created six methods for classification.    

Classification stage: classification is the process of grouping the patterns,  

are sharing the same set of properties. It is Based on the feature extraction a model of 

the voice is generated and stored in the speaker recognition system. After  features 

selection, the output are input to Training and testing the model . here get model 

classification (recognition process). [25] machine learning tool used to evaluate the 

accuracy of the model.  there are many  models that used in classification as Gaussian 

Mixture Model (GMM), Support Vector Machines (SVM), Hidden Markov Model 

(HMM) and K-mean. In this study was used (GMM ,K-mean). Recent researches 

show that MFCCs are successful in processing the voice signal with high accuracies. 

MFCCs represents a sequence of voice signal-specific features[30].MFCC, PLP and 

LPC are the most widely used features in area of speaker processing (Namrata Dave 

2013). 

MFCC are chosen for the following reasons:- 

1. MFCC are the most important features, which are required among various kinds of 

speech applications. 

2. It gives high accuracy results for clean speech. 
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3. MFCC can be regarded as the "standard" features in speaker as well as speech 

recognition. 

1.The Mel-scale frequency cepstral coefficients (MFCC) extraction is used in 

front-end processing 

 

 

 

 

 

    MFCCs being considered as frequency domain features are much more accurate 

than time domain features [9, 10, 11]. MFCC features are based on the short-term 

analysis and thus from each frame  13 MFCC features are computed (Desai and etal 

2013). MFCC method for feature extraction analyses the acoustic features in a speech 

to determine the Mel coefficients for processing a speech in ASR [20]. MFCCs are 

coefficients, which represent speaker, based on perception of human auditory systems 

(Taabish Gulzar and etal2014). MFCC has two types of filter, which are spaced 

linearly at low frequency below 1000 Hz and logarithmic spacing above 1000Hz 

[11].The MFCC algorithm is used to extract the features.                  

Remaining calculation for features extraction is same as for image [13]. 

1.1 MFCC Method :In the flowing section we will present how calculate the MFCC 

in  six steps as browser. 

1- Pre–emphasis 

This step processes the passing of signal   through a filter which emphasizes 

higher frequencies. This process will increase the energy of signal at higher frequency 

is given by   eq (1) 

)1()()(  naxnxny                                                                       (1) 

Where x is the original signal and n is the index of the sample. The range of n 

is from 1 to the length of signal, y is the pre-emphasis signal  obtained by eq (1) as 

shown in fig2.1,  and a is a constant, which has a typical value of 0.95. 

  

fig.1.1 (a.b) (a) Original signal                                               (b) Pre–emphasis 
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2- Framing and blocking 

In this process, the Pre–emphasis signal is divided into overlapped frames. This 

process segmenting the wave into small frames. Each frame has a duration from 20 

to30 mel second (ms).   which contains N samples, the overlap length (M) usually less 

than N. for example the overlap length (M)=100 when the frame length N =256. If the 

frame is much shorter, we don't have enough samples to get a reliable spectral 

estimate, if it is longer the signal changes too much throughout the frame. It is 

assumed that although the speech signal is non-stationary, but is stationary for a short 

duration of time.  

3- Windowing 

In this step Hamming window is multiplied with each of the above frames, this 

is done for minimizing the disruptions at the starting and at the end of the frame, the 

output after windowing the signal will be presented as       Y (n) = y(n)    W (n)                                      

(2)  

Where   Y(n) is the frame after windowing process, y(n) is the Pre–emphasis 

frame,  and W(n) represents the Hamming window. Basically many window functions 

exist such as rectangular window, flat top window and hamming window, However 

mainly hamming window is applied for carrying out windowing. Hamming usually 

represented by the following equation: 

)3()
1

2
cos(45.054.0)(




N

n
nW


                                                                       

Where 0   nN -1   when n is the sample number, N is the length. 

This equation can be represented as shown in fig2.3.a where N=256 sample 

   

(a) Hamming window 

                                               

Fig.1.3(a,b)        (b)windowing 
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From the final process as shown in Fig .2.3(b) the starting and ending are smooth. 

4- Fast Fourier Transform (FFT) : FFT is  used to convert each frame of N samples 

from time domain into Frequency domain. Fourier transformation is a fast algorithm 

to apply Discrete Fourier Transform (DFT), on the given set of N samples shown 

below 

)4(
1

)()(
1

0

2







N
NnYkX

n

knj

e


                                                                            

Where k= 0, 1, 2 ….. N-1 

 

Fig.1.4 (FFT) 

Basically the definition for FFT and DFT is same, which means that the  

Output for the transformation will be the same; however, they differ in their 

computational complexity. Thus  it is in digital processing or other area instead of 

directly using DFT, FFT is used for applying DFT[13]. 

5- Mel scale  The human auditory system doesn’t interpret pitch in a linear manner.  

The sole purpose of the experiment were to describe the human auditory system on a 

linear scale.The formula to convert frequency f hertz into Mel mf is given by Eq. 
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Fig1.5 Mel scale 

As shown in Fig1.5 which describe the relationship between the real frequency f in 

Hz and  the mel scale frequency. 

6- Calculate Mel Filter bank :The filter bank is a set of overlapping triangular 

bandpass filter, that according to mel-frequency scale[5]. 
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 let The FFT size =256. We will use only the half of  the FFT size i.e Nfft  

=128.see fig(1.6) 

 

Figure 1.6: The FFT sample Manner value 

 Now we will convert the X-Axis  from samples to Hz frequency.by 

multiplying each sample by f ,see equation (6) and   Fig 1.7(a,b) 
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(a)                                                                     (b) 

                              Figure 1.7: The FFT values in Hz manner 
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 Now Convert the minimum  and maximum from Hz frequency to mel scal 

frequency by eq  (5) for example when the min=0 then: 

0)1
700

0
(10log2595 Minmel  

When the max =4000 then 

melMaxmel 2146)1
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4000
(10log2595   

           82.14637.10892.6996.340f    
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Figure 1.8: -filter bank 

  

 

Figure 1.9: -filter bank× FFT 

These filters are non-uniformly spaced on the frequency scale, with more filters in the 

low frequency regions and less filters in the high frequency regions.  

-Apply the bank of filters according Mel scale to the spectrum 

-Each filter output is the sum of its filtered spectral components 

Mel spectrum can  be used for calculating first 13 coefficients using DCT.  Hence, 

first 13 coefficients are calculated using DCT and higher are discarded. 

6- Discrete cosine Transform (DCT): This allows for better processing of data 

(Namrata Dave 2013). This is the process to convert The log Mel spectrum into time 

domain using Discrete Cosine Transform (DCT). Each input utterance is transformed 

into a sequence of acoustic vector [11]. 

 5])
2

1
(cos[)(log

1





K

K
n K

Kmmfc


                                               

Where m = 0, 1… k- 1 .Where Cn represents the MFCC and m is the number of the 

coefficients here m=13 so, total number of coefficients extracted from each frame is 

13 (Desai and etal 2013). 

 

 Figure 1.10:MFCC 
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The MFCC algorithm 

Read the wave file  (X) 

Determine the wav length (N) 

Determine the overlapping length (M) 

Determine the sample length (n) 

K=0      where k is number of frames 

1) Pre–emphasis step 

)1(95.0)()(1  nXnXnX  
2) framing step 

For I = 1 to overlapping length to  wav length -  sample length do 

K=K+1 

F1(n)=X1(Mn+ N) 

End do 

3) hamming windowing step 
For I = 1: sample length do 

W(n)= hamming windowing.*F1(n) 

End do 

4) Fast Fourier Transform (FFT) step 

    ))(( nWFFTf   

5) filter bank step 

filterbankfuncallws   

   fwsfet    

6)  DCT step 

doend

fetDCTMFCC

dotoifor

)(

131





 

Database               

 

 

 

 

 

                                                     Fig3.13 

Each file is framed into number of frames different for each file, we calculated 13 

MFCC for each frame. 

              

After extract 13MFCC for each wave.  So, total number of coefficients extracted from 

each frame is 13. There for speech signal contain (number of frames multiplied 

number of MFCC).  

Wave 
200 wave 

file 
Frame1 

13MFCC 

Frame3 

Frame2 

13MFCC 

13MFCC 
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After extract the selected 13MFCC for each frame for each wave.  Calculate the 

average of each MFCC Coefficient so we have 13 values per signal. For example if 

the signal contains 200 frames then we have 200 multiplied 13 features. The 

arithmetic average is not enough because it does not reflect the specific values of each 

speaker.  

In this work we proposed adding some statistics measures to extend the number of 

features. Each dimension with seven statistical characteristics. These statistics are 

average (avg), the standard deviation (std), variance (var), maximum (max), minimum 

(min), rang  and Medium (mid)  of MFCC Per coefficient of MFCC. Therefore we 

obtained 91 dimension vector as parameters of speech features for each wave. The 

feature vector of 91dimension, consisting of the following Coordinates From 1to 

13are the average,14 to 26 are the standard deviation, 27 to39 are variance, 39 to 52 

are maximum, 52 to 65 are minimum,65 to 78 are rang and from 78 to 91 are 

Medium.  

2 Gaussian mixture models 

GMMs are often used to generalize models from sparse data [6]. It is considered as 

one of the methods for clustering that helps in building soft clustering boundaries 

[21]. The model has two main applications. The first one is to use it as initiating data 

when creating models of particular speakers[29]. In traditional speaker recognition 

system usually use 13 MFCC features which extracted for each frame and then the 

calculate arithmetic mean for each frame and after use GMM classification model for 

recognition speaker. 

The paper is organized as follow. Introduction are presented in section 1, Used 

Database is introduced in section2, proposed system in section 3, .section 4 present 

Results, and Discussion Conclusion section5. The proposed method will be explained 

in more details in following section. 

3. The Database  

The first step to build a speaker recognition system is to select or create database. The 

database must include record by different utterance speakers.  In this study the Berlin 

database is chosen. This database was  

recorded at the Technical University of Berlin [24]. The Berlin database is widely 

used in speaker recognition and emotional speech recognition. It contains about 500 

utterances spoken. Ten professional German actors (five female and five male) Five 

of the ten sentences consisted of one phrase, the other five consisted of two phrases, 

which include the ten actors (5 female and 5 male) producing 10 German utterances 

(5 short and 5 longer sentences).  As the recordings were intended for phonetic 

analysis of emotions and emotional speech synthesis they were conducted under very 

controlled conditions and so are marked by a very high audio quality. 200 utterances 

where selected.  Table (1) show the information about the distribution of sentences for 

each speaker form berlin database. Where S1,S2,…,S10 represent speakers, 

a01,a02,a04,a05,a07 represent the five short utterance ,b01,b02,b03,b09,b10 represent 

the five long utterance. 

Table (1) the distribution of sentences and speakers of the used Database 
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3. The proposed system  

This section present the proposed system. The main parts of the system are feature 

extraction, classification. These parts will explained in more detail in the following 

subsection.  Figure (3) descried the proposed system. 

            Input (features)                        output (speaker recognition) 

                 f1                                                         S1                                

                                                                             

                fn                                                           S10 

                                     Fig (3) 

The flowchart in figure (4) is partitioned into 5 parts. This flowchart introduced the 

system partitions in very clear ways. 

Speaker 

 

 

Utterance 

S1 S2 S3 S4 S5 S6 S7 S8 S9 S10 Total 

a01 3 3 1 2 2 3 3 1 3 3 24 

a02 3 2 - 3 4 2 1 2 3 2 22 

a04 4 3 1 2 3 1 2 1 3 2 22 

a05 2 2 3 1 3 1 2 3 1 3 21 

a07 4 4 3 2 2 1 2 2 3 3 26 

b01 2 2 2 1 1 1 2 3 - 3 17 

b02 3 2 1 1 4 3 2 2 3 - 21 

b03 1 2 2 1 1 1 2 1 1 2 14 

b09 1 2 1 - 2 1 1 1 2 1 12 

b10 1 5 1 1 3 1 3 1 3 2 21 

Total 24 27 15 14 25 15 20 17 22 21 200 

 

 GMM 
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Fig (4). The main proposed system 
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Fig (4.d). Feature statistic function 

3.1 feature extraction 

After extract the selected 13MFCC for each frame for each wave.  Calculate the 

average of each MFCC Coefficient so we have 13 values per signal. For example if 

the signal contains 200 frames then we have 200 multiplied 13 features. The 

arithmetic average is not enough because it does not reflect the specific values of each 

speaker.  

Therefore, this article proposed an adoptive MFCC by adding some statistics 

measures to extend the number of features. Each dimension with seven statistical  
 Avg Std Var Rang Max Min Mid 

MFCC1 MFCC1-avg MFCC1-std MFCC1-var MFCC1- rang MFCC1- max MFCC1- min MFCC1- mid 

MFCC2 MFCC2-avg MFCC2-std MFCC2-var MFCC2-rang MFCC2-max MFCC2-min MFCC2- mid 

MFCC3 MFCC3-avg MFCC3-std MFCC3-var MFCC3- rang MFCC3-max MFCC3-min MFCC3- mid 

MFCC4 MFCC4-avg MFCC4-std MFCC4-var MFCC4- rang MFCC4-max MFCC4-min MFCC4- mid 

MFCC5 MFCC5-avg MFCC5-std MFCC5-var MFCC5- rang MFCC5-max MFCC5-min MFCC5- mid 

MFCC6 MFCC6-avg MFCC6-std MFCC6-var MFCC6- rang MFCC6-max MFCC6-min MFCC6- mid 

MFCC7 MFCC7-avg MFCC7-std MFCC7-var MFCC7- rang MFCC7-max MFCC7-min MFCC7- mid 

MFCC8 MFCC8-avg MFCC8-std MFCC8-var MFCC8- rang MFCC8- max MFCC8-min MFCC8- mid 

MFCC9 MFCC9-avg MFCC9-std MFCC9-var MFCC9- rang MFCC9-max MFCC9-min MFCC9- mid 

MFCC10 MFCC10-avg MFCC10-std MFCC10-var MFCC10-

rang 

MFCC10-max MFCC10-min MFCC10- 

mid 

MFCC11 MFCC11-avg MFCC11-std MFCC11-var MFCC11- 

rang 

MFCC11-max MFCC11-min MFCC11- 

mid 

MFCC12 MFCC12-avg MFCC12-std MFCC12-var MFCC12- 

rang 

MFCC12-max MFCC12-min MFCC12- 

mid 

MFCC13 MFCC13-avg MFCC13-std MFCC13-var MFCC13- 

rang 

MFCC13-max MFCC13-min MFCC13- 

mid 



 

الــتربــوي مجــلة  
Journal of Educational 

ISSN: 2011- 421X 
Arcif Q3 

36.1 العربي التأثير معامل  

32 العدد  

 

444 http://tarbawej.elmergib.edu.ly                                                                                                     
  

characteristics. These statistics are average (avg), the standard deviation (std), 

variance (var), maximum (max), minimum (min), rang  and Medium (mid)  of Per 

coefficient of MFCC. Therefore we obtained 91 dimension vector as parameters of 

speech features for each wave, as shown in table (2).  

The feature vector of 91dimension, consisting of the following Coordinates from 1to 

13are the average,14 to 26 are the standard deviation, 27 to39 are variance, 39 to 52 

are maximum, 52 to 65 are minimum,65 to 78 are rang and from 78 to 91 are 

Medium.   

PCA technique is used to select the best significant feature vector from 91 dimension.  

The selected features are divided into training and test data in the classification 

system. 

The features extracted are reduction to 3 dimension by using PCA technique 

3.2 Gaussian Mixture Model technique  

From the previous section we have a dataset (D) with n (200) utterance in a d-

dimensional, n
iixD

1
 }{  i, where d=3, Given i=1, and given the number of desired 

clusters k, the cluster her as speaker, the goal of representative-based clustering is to 

partition the dataset into k groups or clusters, which is called a clustering and is 

denoted as },...,,{ CCCC k21  Where k=1,…,10. Further, for each speaker Ci
 there 

exists a representative utterance that summarizes the cluster, a common choice being 

the mean. 

 Let X a
denote the 

tha  random variable corresponding to the 
tha features. We also 

use X a
 to denote the features vector, corresponding to the n data samples from  X a  . 

Let ),...,,( XXXX d21  denote the vector random variable across the d-features, 

with x j
 being a data sample from X. It is assume that each speaker Ci

 is 

characterized by a multivariate normal distribution, that is, 

)
)()(

(

)(

),\()( 2

1

2

1
22

1








ixiix T

i

diii exfxf                    (1) 

Where the speaker mean i
 ∈ R

d  and covariance matrix i  R
dd  are both 

unknown parameters. )( xf i
 Is the probability density at x attributable to speaker Ci

  

It is assume that the probability density function of   X is   given as a Gaussian 

mixture model over. 

3.2.1Train stage 

The purpose of this stage is calculate the parameters for each speaker by several steps: 

Initialization, expectation, and maximization. 

 

Initialization Step 

For each speaker Ci
, with i = 1,2, . . . ,k, we randomly initialize the mean 

 i  by 

selecting a value ia  for each dimension X a uniformly at random from the range of 

X a  . The covariance matrix is initialized as the d ×d identity matrix  i  . Finally, 
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the cluster prior probabilities are initialized to )(CP i = 1/k, so that each speaker has 

an equal probability. 

Expectation Step 

In the expectation step, we compute the posterior probability of speaker Ci
 given 

utterance x j  with i = 1, . . . ,k and j = 1, . . . ,n. As before, we use the shorthand 

notation )|( xcpw jiij   to denote the fact that )|( xcpw jiij   can be considered as the 

weight or contribution of utterance x j  to speaker Ci
, and use the notation 

T
iniii wwww ),...,,( 21 to denote the weight vector for speaker Ci

 , across all the n 

utterance. 

 






k

a
aaaj

iij
jiij

cpxf

cpxf
xcpw

1

2

2
1

)(),|(

)(),|(
)|(                               (2) 

Maximization Step 

Given the weights  wij  , in the maximization step, we re-estimate  i  , i
 and   

)(CP i
. The mean i

 for speaker Ci
  can be estimated as 

                               









n
j ij

n
j jij

i
w
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1

1
.

                                                (3)                                 

Considering the covariance between dimensions X a  and   X b is estimated as 



 






 n
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n
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1

1
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                                             (4)       

Expectation-Maximization Clustering 

Where x ja and ia denote the values of the 
tha  dimension for x j  andi

 , 

respectively. The prior probability )(CP i
for each speaker is, given as 

(5) 

Finally, after the training we have all parameters )}(,,{ CP iii   ,i=1:k. 

3.2.1Test stage 

From the previous section we have the parameters GMM model for each speaker as 

shown in figure (5).   

This stage, we have a speech wave jy  and its categories by equation (6) speaker 

recognized  

n

w

CP

n
j ij

i




1
)(
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EM Clustering Algorithm In the multivariate EM clustering algorithm .After 

initialization of i
,i

 and )(CP i
for all i = 1, . . . ,k, the expectation and 

maximization steps are repeated until convergence. For the convergence test, we 

check whether 


i
t
i

t
i

2
1 , where 0   is the convergence threshold, and t 

denotes the iteration. The iterative process continues until the change in the speaker 

means becomes very small.  

 
Fig (6): The proposed speaker recognition system  

                                     Table (4) the recognition accuracy of the proposed 

Target Accuracy 

 GMM 

 S1 75% 

S2 76% 

S3 82% 

S4 72% 

S5 82% 

S6 73% 

S7 74% 

S8 82% 

S9 73% 

S10 75% 

Total accuracy 76.4%` 
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 3.4 Discussion 

The article presented an adoptive MFCC by adding some statistical method such as 

the standard deviation, variance, maximum, minimum, rang and Medium.   

In order to evaluate the performance of the proposed feature extraction technique and 

the designed classifier, experiment is carried out. The results gained after applying the 

proposed system through the five partitions shown in the proposed system 

methodology in Fig. 4 many times in different experiments. The efficiency of the 

proposed recognition system is judged from two different perspective: recognition 

rate and network performance, which are illustrated in Table (5). 

Table 5. The best neural networks and GMM experimental results 

Feature 

extractio

n 

technique 

Classifi

er 

techniqu

e 

Featur

e 

vector 

length 

Feature 

selectio

n 

Training 

performan

ce 

Training 

recognitio

n rate 

Testing 

recognitio

n rate 

Predictin

g 

recognitio

n rate 

Epoch

s 

numbe

r 

Tradition

al MFCC 

GMM 13 3  73.2%  71.3%  

NNT 13 10 E-5 94.69% 80.79% 64.26% 1000 

Adoptive 

MFCC 

GMM 91 3  76.4%  74.1%  

NNT 91 10 E-5 100% 99.27% 96.10% 1000 

 

The result in table (4) show that the adoptive MFCC technique is more effective than 

the traditional MFCC.  

3.5 Conclusion 

 This paper proposed a speaker recognition system based on newly proposed and 

powerful extracted features from the speech signal. MFCCs coefficients were 

commonly used in most of the previous studies for speaker recognition. However the 

traditional systems only used the average value of these coefficients for all frames in 

the speech signal. The number of extracted features using MFCC usually 13 feature. 

This number of extracted features are not enough to distinguish speakers in their 

systems. Therefore, this paper proposed an adoptive method for extracting more 

expressive and distingue features form MFCCs coefficients. Six statistics were 

calculated for each of the 13 coefficients for all frames, the obtained 78 new features 

in addition to the 13 traditional features. Therefore our features vector consists of 91 

features. In order to select the most important features for the proposed system PCA 

method is applied to reduce the features dimensions from 91 to 3 discriminate 

features. GMM  classification methods were proposed for speaker classification based 

on the 3 discriminated features. The results of the speaker recognition with the 

proposed system outperforms the traditional system. 
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Ayda Saad Elagili 

Abdualah Ibrahim Sultan 
560-565 

41 
بوية ي للمعلم وأثره عل العملية الير

 الأداء الوظيف 
تعليم دراسة سوسيولوجية عل عينة من معلمتر  ومعلمات مرحلة ال

 الأساسي 

 أمل إمحمد إقميع
 فاطمة محمد ابوراس 

566-598 

42 
ام المصارف التجارية بتطبيق مبادئ إدارة الجودة الشاملة  مدى الير 

 (دراسة ميدانية عل مصرف الجمهورية فرع المرقب)

ي عبدالسلام كليب  خير
 عبدالسلام بشير اشتيوي

 طارق أبوفارس العجيلي  
 محمد عبدالسلام الأسطى 

 فتحية خليل طحيشات

599-623 

43 
Determination of Some Physical and Chemical Parameters 

of Groundwater in Ashafyeen-Masallata Area 

Abdulrhman Iqneebir 

Khaled Muftah Elsherif 
624-633 

 650-634 أحمد عل معتوق الزائدى أحكام الأهلية وعوارضها عند الإنسان 44

 قة بالنفس وعلاقته بالتوجه نحو الحياة لدى طالبات كلية الآدابالث 45
ي النعاس

 عمر مصطف 
ي السنباطي  

 السيد مصطف 
651-671 

ي  46
 700-672 فاطمـة جـمعة الناكـوع معايير جودة آليات التدريب الميدان 

47 
ي الأداء المالىي للمصارف التجارية

 
ة  أثر المخاطر المالية ف الليبية للفير

 (2017-2011) من

 إيمان عمر بن سعد
بثينة علي أبو حليقة   

 عمر محمد بشينه
 وليد حستر  الفقيه

701-718 

48 
ي 
 
ية  ف ي تحستر  ادارة الموارد البسرر

 
دور مداخل ادارة المعرفة ف

 المؤسسات الحديثة
 730-719 هدي الهادي عويطىي 

49 
Antimicrobial Activities of Methanol Extract of 

Peganum harmala Leaves and Seeds against Urinary 

Tract Infection Bacteria 

Khaled Abdusalam B. A 

Eman Mohammed 

Alshadhli 

Tasnim Adel Betro 

 Amera Lutfi Kara  

Mawada Almashloukh 

731-739 

ي سورة الواقعة 51
 
 الصور البيانية ف

 فتحية زايد شنيبه
نجاة بشير الصابري   

740-750 
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51 
Phytochemical, Heavy Metals and Antimicrobial 

Study of the Leaves of Amaranthus viridis 
Afifa Milad Omeman 751-757 

 765-758 أسماء جمعة القلعى قواعد المنهج عند ديكارت 52

ي  53 م1969 –م 1963النفط والاقتصاد الليتر  777-766 فرج محمد صالح الدريــــع 

الخطأ بغير الأصل  تقويم دية القتل 54  
 عمر عبدالسلام الصغير 

ي الأسمر 
 
رضا القداف  

778-789 

 مناقشة المسألة الأربعتر  من كتاب المسائل المشكلة للفارسي  55
 أبو عجيلة رمضان عويلي 

أحمد عبد الجليل إبراهيم   
790-804 

56 
ي الناتج عن محطات الوقود

ي منطقة سوق الخميس التلوث البيت 
 
 ف

(حصول عل ترقية عضو هيئة تدريسبحث مقدم لل)  
ان  فتحية أبوعجيلة جير

صالحة عمر الخرارزة   
805-823 

 856-824 هنية عبدالسلام البالوص بعض المشكلات الضغط النفسي وعلاقتة بالصحة النفسية 57

58 
ي مراقبة 

 
مجة الخطية ونماذج صفوف الانتظار ف تطبيقات الير

ة عل القطاع الصجي بمدينة وتحستر  الأداء دراسة إحصائية تطبيقي
 الخمس

 احمد علي عزيز
 علي مفتاح بن عروس

857-871 

59 
Isolation of Staphylococcus Aureus From Different 

Clinical Samples And Detects on Its Antibiotic 

Resistance 

Mona A. Sauf 

Fathi Shakurfow 

Sana Ali Soof 

Abdel-kareem El-

Basheer 

872-879 

61 

Combined Method of Wavelet Regression with Local 

Linear Quantile Regression in enhancing the 

performance of stock ending-prices in Financial 

Time Series 

Wafa Mohamed Alabeid 

Omar Alamari Alshbaili 
880-885 

احجم الدولـــــة الليبية وأثره عليها طبيع 61 ي  ا وبسرر ي   
 خالد محمد بالنور
 خالد أحمد قـناو

886-901 

62 
EFL Instructors' and Students' Attitudes towards 

Using PowerPoint Presentation in EFL Classrooms 

Amna Ali  Almashrgy 

Hawa Faraj Al-Burrki 

 Khadija Ali AlHebshi  

902-918 

ي اضطرابات الشخصية الحدية وع 63
 
لاقتها بالجمود المعرف ي  

 934-919 سالمة عبد العالىي السيليت 

64 
Common English Pronunciation Difficulties 

Encountered by Third Year Students at the Faculty of 

Education- English Department- Elmergib University 

Samah Taleb 935-952 

65 
A Study on Bacterial Contamination of Libyan 

Currency in Al-Khoms, Libya 
Hassan M. Krima 953-958 

66 
A New Application of Kushare Transform for 

Solving Systems of Volterra Integral Equations and 

Systems of Volterra Integro-differential Equations  

Jamal Hassn Frjani  959-964 

67 
Study of chemical and biological weathering effects 

on building stones of the Ancient City of Sabratha, 

NW-Libya 

Ismail Elforjani Shushan 

Saddik Bashir Kamyra 

Hitham A. Minas 

965-978 

68 
ي 
 
الآثار الاجتماعية والثقافية المصاحبة للتغير الاجتماعي ف

ميةالمجتمعات النا  
 991-979 محمد عبد السلام دخيل
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69 

Molecularly imprinted polymer ( poly-pyrrole ) 

modified glassy carbon electrode on  based 

electrochemical sensor for the Sensitive Detection of 

Pharmaceutical Drug Naproxen 

Ismael Abd-Elaziz  

Fatma Kahel 
992-998 

71 
 الجمل وقصيدتهعلي 

ي رثاء النورس الكبير )
 
 (اليوم الأربعون ف

 خالد رمضان الجربوع
 علي إبراهيم بن محسن
 صلاح الدين أبوغالية

999-1008 

71 
Comparing Review between Wireless 

Communication Technologies 

 نادية محمد الدالىي 
ة  ايمان احمد اخمير  

1009-1014 

72 
The importance of Using Classroom Language in 

Teaching English language as a Foreign Language 

Khairi Alarbi Zaglom 

Foad Ashur Elbakay 
1015-1024 

73 
سِب الاختصاص بها إلى مذهب مُعترَّ  

ُ
ي ن
لف فيها التر

َ
 الأدلة المخت

(دراسة تحليلية مقارنة)  
 1042-1025 حمزة بن ربيع لقرون

74 
ي مدينة الخمس،  ار بعض الأوليات المعويةمعدل انتش

 
الطفيلية ف

 ليبيا
 1052-1043 أسماء السنوسي لحيو

ي سورة البقرة( ما)استعمالات  75
 
النافية ف  1067-1053 برنية صالح إمحمد صالح 

76 
كة  عوامل نجاح وفشل نظام المعلومات دراسة تطبيقية عل شر

ي وليد
 الأشغال العامة بت 

 1085-1068 م اعطيةاسماعيل عبدالكري

بية الايجابية للطفل" 77  1098-1086 نجوى الغويلي  "الرعاية الاجتماعية والدعم الاجتماعي والير

78 The Error Correction in second language writing 

Seham Ibrahim abosoria 

Fatheia Masood Alsharif 

Abdussalam Ali Mousa 

Hamzah Ali Zagloum 

1099-1105 

79 
 أساليب المعاملة الوالدية وعلاقتها بالتحصيل الدراسي 

 (الخمس)لدى عينة من طلبة كليات جامعة المرقب بمدينة 
ي عقيلة  1128-1106 ميسون خير

80 
Quality of E-Learning Learning Based on Student 

Perception Al Asmarya University 

Majdi Ibrahim Alashhb  

Mohammed Alsunousi  

Salem Mustafa Aldeep 

1129-1135 

81 
The Importance of Corrective Feedback in leaning a 

Foreign Language 
Ekram Gebril Khalil 1136-1150 

82 
ي ظل انتشار الأوبئة والأمراض السارية

 
 شكل العلاقات الاجتماعية ف

  19جائحة كوفيد )
 
 (نموذجا

 سكينه الهادي الحوات
 محمد الحواتفوزي  

 سليمة رمضان الكوت
1151-1164 

83 
A comparative study of the effects of Rhazya stricta 

plant residue on Raphanus sativus plant at the age of 

15 and 30 days 

Salma Mohammad Abad 1165-1175 

ه 84 ي وانتصاره له من خلال تفسير ال عند الزمخسرر يفمحمد توظيف الاعير   1191-1176  عمر محمد الفقيه السرر

 1192 الفهرس


