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ABSTRACT: Automatic recognition of isolated spoken digits is one of the most challenging tasks in the area of automatic
speech recognition. In this paper, database development and automatic speech recognition of isolated Pashto spoken
digits from sefer (0) to naha (9) has been presented. A number of 50 individual Pashto native speakers (25 male and 25
female) of different ages, ranging from 18 to 60 years, were involved to utter from sefer (0) to naha (9) digits separately.
Sony PCM-M 10 linear recorder is used for recoding purpose in the office and home in noise free environment. Adobe
audition version 1.0 is used to split the audio of digits into individual digits and result is saved in .wav format. Mel
Frequency Cepstral Coefficients (MFCC) is used to extract speech features. K Nearest Neighbor (K-NN) classifier is used
for the first time up to author knowledge in Pashto language to classify the features of speech. The experimental results are
evaluated, and the overall average recognition accuracy of 76.8% is obtained.
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1. Introduction

Speech is a primary way of interaction for human beings. Human want to use this primary source of communication to make
a convenient and user friendly interaction with computer. Machine oriented interfaces bound the computer usage because
user must be computer and English literate. Speech recognition system which can recognize speech in native languages,
enable layman to take benefits of information technology [1], and make interaction with systems simple and easier . In the field
of computer science Automatic speech recognition is the ability of a machine to capture the sound waves of a speaker,
convert sound waves into digital form, divided it into fundamental language phonemes, construct words from units and then
analyze the words contextually, to check the spelling of the words according to the sound [2]. Many people have been done
their research work on the Automatic Speech Recognition in Malayalam, Arabic, Tamil, Bangla languages[2], However it is
impossible to built a generalize ASR system which is applied to all languages, because every language has its own stock of
specific phonemes.



   100     International Journal of Computational Linguistics Research  Volume  5  Number  3   September   2014

Therefore it is a need of time to built separate ASR system for local languages. To achieve the above goal, Abbas, Developed
Pashto Spoken Digits database for automatic speech recognition using Mel Frequency Cepstral Coefficients (MFCC) for
features extraction and Linear Discriminate Analysis (LDA) for features classification [3]. Sheena in [2] has presented an
isolated digits recognition system in Malayalam language. In the first step, k nearest neighbor (KNN) was used to classify
features, which was obtained through MFCC algorithm. In the next step Hidden Markov Model (HMM) was used to develop
word modeling schema, which reduced 80% search time in the recognition process of first digit. In Arabic, Yousef Ajami has
designed Arabic isolated digits recognition system for multi speaker and speaker independent. In this paper MFCC was used
to remove noise and extract features from audio signals. An Artificial Neural Network was used to recognize the unknown
digits from 0 to 9 [4]. In Bangla, Automatic speech recognition system was presented by Ghulam. In this research data from 0
to 9 was collected from bangle people. For features extraction MFCC algorithm and for recognition HMM classifier was used.
The result was more than 95% for 0 to 5 digits, and for 6 to 9 digits the result was less than 90% [5]. Majid developed automatic
speech recognition system for Malay digits. MFCC was used to extract feature vectors from speech data. After feature
extraction, Hierarchical K mean algorithm was used for training and testing purpose and accuracy of system was 87.5% [6]. In
Tamil, Karpagavalli designed Tamil isolated digits speaker independent recognizer. MFCC was used for features extraction
and Linde Buzo Gray (LBG) victor quantization algorithm was used for code book generation for each digit. The recognition
accuracy was 91% [7].

Pashto is the official language of Afghanistan and one of the local language of Pakistan [8], and it has about 50-60 million
speakers throughout the world [9]. Pashto is the extended version of Arabic and Persian script and it has 43 consonants and
23 vowels sound out of 66 phonemes in Pashto script [10].

In this work, the rest of the paper is divided in the following sections. Section II describes the method for database development.
In section III features extraction using MFCC algorithm is discussed. Sections IV explain recognition process using K-NN
classifier and in section V experimental result are discussed. Finally in section VI conclusion and future work has been
presented.

2. Pashto Digits Database Development

In Pashto digits database development section, 25 male and 25 female native Pashto speakers to record Pashto digits from
Sefer (0) to naha (9) have been selected. Sony PCM-M recorder is used to record Pashto digits in the office and home in noise
free environment. Speaker has been uttered digits from sefer (0) to naha (9) with a little gap. After recording, the recorded stuff
was transferred to system through USB cable. Adobe audition version 1.0 is software used to edit audio signals by making
sampling frequency of 16 kHz and quantized at 16 bits. The recorded Pashto digits files were split into isolated Pashto digits
and also background information were also removed from speech signals and result was saved .wav format using this
software. The splitting digits are saved in separate folders i-e the uttered sefer (0) from all speakers were placed in a separate
folder. The same process repeated up to naha (9). And at the end 10 folders folders of splitting digits were obtained.

2.1 Pashto Isolated Digits ASR System
In the beginning of the 21st century, research work starts on Pashto recognition. Few experiments were carried out on small
vocabulary of isolated word recognition, continuous speech recognition using different algorithms [5]. A small database is
used for these experiments to perform recognition process. In this specified research a large size database of 50 speaker of 10
Pashto digits are used for testing and training purpose. Mel frequency Cepstral coefficients (MFCC) were used to extract
features and K nearest neighbor (K-NN) based classifier was used for the recognition which is discussed below.

3. Features Extraction Using MFCC

Feature extraction means to point out the parts of the audio signal that are better for identifying the linguistic content and
removing all other parts which carries background information like noise, emotion [11]. In this desired research in speech
signals related studies the most important parametric representation technique Mel Frequency Cepstral Coefficients (MFCC)
is used [12].

Here MFCC is used to extract features from speech signals. MFCC use a number of Mel filter bank according to the Mel scale
which are linearly spaced up to 1kHz and logarithmically above 1kHz to smooth and capture the linguistic characteristics of
the speech signal spectrum [2]. In signal analysis phase the isolated speech signals are provided as input to MFCC algorithm
to perform the following operations.
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1. Pre-emphasis the speech signal by using a below formula.

Where Y [n] is the output signal, X [n] is the input signal and the value of a = 0.97 [11].

2. Then the pre-emphasized signal was separated into small block called segmentation and the length of each frame was 256
samples i-e [(256/16000) * 1000] = 16 ms.

3. Windowing frame to minimize the signal discontinuities at the start and end of the each frame. For this propose hamming
window was used to reduce the edge effect. Hamming window is describe through below equation.

Where N = number of sample in each frame and

4. Fast Fourier transform (FFT) was applied to each frame to convert each frame of N sample from time domain to frequency
domain. equation of the fast Fourier transform is

5. Mel filter bank is applied to calculate the average energy in each block and take the logarithm of all filter bank energies by
using a formula below [13]

W (n) = 0.54 − 0.46 cos (2π / N −1) [12].

Y (n) = X(n) * W (n) for 0 ≤ n ≤ N − 1

 Y [n] = X [n] – a [n – 1].

y [n] =∑

Figure 1. Block diagram of MFCC
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Table 1. Parameters list of MFCC

6. Discrete cosine transform (DCT) convert log filter bank energies into time domain. The process of conversion is called Mel
frequency cepstrum coefficients. Keep DCT coefficient 2-16, which are used for k-NN classifier. Block diagram of MFCC
shown in below figure 1.
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The list of parameter which are used in MFCC to extract features from speech signals are listed in table 1. Eleven txt files were
obtained, which contained the numerical values (features) of speech data after applying the MFCC algorithm on speech data.
Table 2 also contains the parameter of MFCC algorithm but using these parameters to extract feature from speech signal have not
give good result during classification [14].

Parameters Values ValuesParameters
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Log
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Fast Fourier
Transsform
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Table 2. Parameters list MFCC

4. Pashto Speech Recognition Using K-NN Classifier

Classification is third step of Pashto automatic speech recognition. K-Nearest Neighbor algorithm (k-NN) is used for supervised
learning that has been used in many areas such as in the field of statistical pattern recognition, data mining, image processing
and many others areas [15].

K-NN classifier categorize the unknown sample s to a predefine class based on previously classified samples (training data).
K-NN is useful for such a data that changes or updates rapidly [15]. K-NN classifier was used for the first time up to the author
knowledge in Pashto language to classify the feature of speech. K-NN classifier works in the following steps.

4.1  KNN Algorithms

Step 1: provide features of speech signals to K-NN classifier for classification to train the system

Step 2: Measure the distance by using in [15] the Euclidean Distance formula shown in figure 2, between the new observation
s and training data.

Euclidean Distance, D (x
s
. y

s
) = ∑

i = 0
(x

i
 − y

i
) 2

n

Step 3: Sort the Euclidean distance values as d
i 
≤ d

i
 +1 , select k smallest samples.

Step 4: Apply voting or means according to the application.

The above K-NN algorithm can be explain below through a simple general example
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Table 4. Distance calculation among training data and new observation using Euclidean distance formula

Table 5. Sorted list of distance values

Serial no                Distance   Label

5 1.00 1

1 1.41 2

4 2.24 4

3 3.61 1

6 4.47 1

2 5.66 2

      Figure 2. Voting based method in K-NN algorithm

For example we have training data with class label C = {1, 2} listed above in table 3. The new observation S = {3, 4} need to
be classify, which is show in fig. the k-NN algorithm indicate the nearest neighbor with k = 3 and k = 5 according to the new
observation s. Distance can be calculated through Euclidean distance formula and the calculation process is shown in table
3.

K-NN used voting method where k value equal to 3, the number of 2 labels > 1 labels that’s why the new observation S will be
classified as 2. If k value changes from 3 to 5 then the number of 1 label > 2 labels so the new observation will be classified as
1.The voting process is highlighted in figure 2.

V. Experimental results

In this experiment, a system that recognizes Pashto isolated digits from sefer (0) to naha (9) is implemented. First database was
developed by collecting speech data from 50 native Pashto speakers then MFCC algorithm was used to extract features from
speech data and as a result 10 text files, which contain features of speech data, were obtained. In third step, K-NN classifier
was used to classify the features vectors of Pashto isolated speech signals. For this purpose features vectors are divided into
two parts for training and testing, 25 speaker’s (Male and Female) data were provided to K-NN classifier to train the system
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and next 25 speaker’s (Male and Female) data were used to test the Pashto ASR system and check the average accuracy of the
system. Both MFCC and K-NN algorithms were run in MATLAB environment. To extract features using MFCC with  table 1
parameters then the K-NN classifier take less processing time to classify the data but the recognition accuracy are not too
good while MFCC using table 2 parameter for features extraction, so the average accuracyof Pashto ASR system is good but
take much time during processing. The confusion Matrix of test data of Pashto ASR system shown in fig. 3 is evaluated and
the overall average recognition accuracy of 76.8% is obtained.

6. Conclusion and Future work

The experiment has been successfully performed to design speaker independent, large vocabulary, Pashto isolated digit
recognition system using MFCC and K–NN algorithm and simulated in MATLAB environment. The average recognition
accuracy was good for isolated Pashto digits.

In future, the experiment can be performed using other different algorithm like Support Vector Machine, Victor Quantization
and K-means algorithms to achieve better result. The work can be extended for isolated numbers and continuous speech
recognition instead of isolated digits.
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